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FOREWORD
The International Telecommunication Union (ITU) is the United Nations specialized agency in the field of
telecommunications, information and communication technologies (ICTs). The ITU Telecommunication
Standardization Sector (ITU-T) is a permanent organ of ITU. ITU-T is responsible for studying technical,
operating and tariff questions and issuing Recommendations on them with a view to standardizing
telecommunications on a worldwide basis.
The World Telecommunication Standardization Assembly (WTSA), which meets every four years,
establishes the topics for study by the ITU-T study groups which, in turn, produce Recommendations on
these topics.
The approval of ITU-T Recommendations is covered by the procedure laid down in WTSA Resolution 1.
In some areas of information technology which fall within ITU-T's purview, the necessary standards are

prepared on a collaborative basis with ISO and IEC.

NOTE

In this Recommendation, the expression "Administration" is used for conciseness to indicate both a

telecommunication administration and a recognized operating agency.

Compliance with this Recommendation is voluntary. However, the Recommendation may contain certain
mandatory provisions (to ensure, e.g., interoperability or applicability) and compliance with the
Recommendation is achieved when all of these mandatory provisions are met. The words "shall" or some
other obligatory language such as "must" and the negative equivalents are used to express requirements. The

use of such words does not suggest that compliance with the Recommendation is required of any party.
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ITU draws attention to the possibility that the practice or implementation of this Recommendation may
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validity or applicability of claimed Intellectual Property Rights, whether asserted by ITU members or others
outside of the Recommendation development process.
As of the date of approval of this Recommendation, ITU [had/had not] received notice of intellectual
property, protected by patents, which may be required to implement this Recommendation. However,
implementers are cautioned that this may not represent the latest information and are therefore strongly urged
5; to consult the TSB patent database at http:/www.itu.int/ITU-T/ipr/.
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Draft Recommendation ITU-T Q.3948

Service testing framework for VoIP at NGN UNI
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Summary

This Recommendation describes the procedure, requirements, physical congiguration and
standard document sets for service testing framework for VoIP at UNI of NGN.

Keywords
VolP, Service testing, NGN, UNI

Introduction

The World Telecommunication Standardization Assembly (WTSA-08) approved the
Res.76 “Studies related to conformance and interoperability testing, assistance to
developing countries, and a possible future ITU Mark programme (Johannesburg, 2008)”
and assigned to all study Group with the responsibility to develop conformance and
interoperability Recommendations to improve the interoperability of NGN. This
Recommendation provides the test specifications framework to assure the
interoperability of VolP service at UNI of NGN. This Recommendation encourages
supporting the testing of NGN in the multi vendors environments.

Documents
Rec. ITU-T Q.3948 (06/2011) — Prepublished version Document Sh&ing Hub

Copyright International Telecommunication Union/ITU Telcommunication Sector
Provided by IHS Markit under license with ITU-T Licensee=/, User=,
No reproduction or networking permitted without license from IHS Not for Resale,

Full document details: ITU-T Q.3948 2011


http://www.avadocuments.com/doc/itu-t-q-3948-2011
http://www.avadocuments.com/doc/itu-t-q-3948-2011

1. Scope
This Recommendation describes the procedure, requirements, physical configuration and
standard document sets for service testing framework for VoIP at UNI of NGN. Other service
tests are for further study. The purpose of this Recomendation is to describe the service
testing framework for VolP at UNI for NGN in order to confirm the conformity to the
relevant ITU-T Recommendation and assure the interoperability of the NGN products at
the specific interface.

2. References

The following ITU-T Recommendations and other references contain provisions, which, through
reference in this text, constitute provisions of this Recommendation. At the time of publication,
the editions indicated were valid. All Recommendations and other references are subject to
revision; users of this Recommendation are therefore encouraged to investigate the possibility of
applying the most recent edition of the Recommendations and other references listed below. A
list of the currently valid ITU-T Recommendations is regularly published.

The reference to a document within this Recommendation does not give it, as a stand-alone
document, the status of a Recommendation.

[ITU-T G.711] Recommendation ITU-T G.711 (1984), Pulse Code Modulation (PCM) of
Voice Frequencies
[ITU-T H.264] Recommendation ITU-T H.264 (2009), ADVANCED VIDEO CODING
FOR GENERIC AUDIOVISUAL SERVICES
[ITU-T Q.3402] Recommendation ITU-T Q.3402 (2008), NGN UNI signalling profile
(Protocol set 1)
[ISO/IEC 14496-2] ISO/IEC 14496-2 (2004), Information technology — Coding of audio-visual
objects — Part 2: Visual
[ISO/IEC 14496-3] ISO/IEC 14496-3 (2005), Information technology — Coding of audio-visual
objects — Part 3: Audio
[RFC 3016] IETF RFC 3016 (2000), RTP Payload Format for MPEG-4 Audio/Visual Streams
[RFC 3261] IETF RFC 3261 (2002), SIP: Session Initiation Protocol
[RFC 3262] IETF RFC 3262 (2002), Reliability of Provisional Responses in the Session
Initiation Protocol (SIP)
[RFC 3264] 1ETF RFC 3264 (2002), An Offer/Answer Model with the Session Description
Protocol (SDP)
[RFC 3311] IETF RFC 3311 (2002), The Session Initiation Protocol (SIP) UPDATE Method
[RFC 3550] IETF RFC 3550 (2003), RTP: A Transport Protocol for Real-Time Applications
[RFC 3551] IETF RFC 3551 (2003), RTP Profile for Audio and Video Conferences with
Minimal Control
[RFC 3984] IETF RFC 3984 (2005), RTP Payload Format for H.264 Video
[RFC 4028] IETF RFC 4028 (2005), Session Timers in the Session Initiation Protocol (SIP)
[RFC 4566] IETF RFC 4566 (2006), SDP: Session Description Protocol
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[JT-Q3402(E)] TTC JT-Q3402(E) (2011), The difference between TTC JT-Q3402 and ITU-T

3. Definitions

Q.3402 (NGN UNI Signalling Profile (Protocol Set 1)

None defined in this Recommendation.

4. Abbreviations

This standard uses the following abbreviations:

MPEG
NGN
NIT
PICS
PIXIT
QoS
RFC
RTC
RTP
SCF
SDP
SIP
TCP
UA
UDP
UNI
VoIP

5. Conventions

None

6. Preparation

6.1. Test object

Moving Picture Experts Group

Next Generation Network

Network Integration Test

Protocol Implementation Conformance Statements
Protocol Implementation Extra Information for Testing
Quality of Service

Request For Comments

RTP Control Protocol

Real-Time Transport Protocol

Service Control Functions

Session Description Protocol

Session Initiation Protocol

Transmission Control Protocol

User Agent

User Datagram Protocol

User-to-Network Interface

Voice over [P

for Testing

jngest object of the VoIP service testing is specified with multiple Recommendations and relevant

standards.

:fFigure 1 shows the block diagram of SIP multimedia communication terminal and yellow

coloured parts are the test object of this Recommendation.
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(RFC3550)
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(G711)
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(RFC4566)

Figure 1 SIP multimedia communication terminal

Test profile should include the list of the Recommendations related to the test object of VoIP
service testing.

Table 1 shows the profiles on SIP multimedia communication terminal and coloured parts are the
test object of this Recommendation.

Table 1 Coding scheme and profiles

Item VoIP MPEG-4 H.264

Session Control SIP (RFC3261), SDP (RFC4566)
Capability Exchange RFC3264 RFC3264, RFC3016 RFC3264, RFC3984

RFC 3262(Reliability of provisional responses)
SIP extensions RFC 3311(UPDATE)

RFC 4028(Session Timers)
Media Transfer RTP (RFC3550, RFC3551), RTCP (RFC3550 Option)

Packetization mode Packetization Mode
RFC3551
(RFC3016) (RFC3984)

Video (High Rate:CIF, High:MPEG-4 Visual SP@L3 | High:H.264 (BP@L1.2)
Low Rate:QCIF) None Low:MPEG-4 Visual SP@L0 | Low:H.264 (BP@L1)
Audio G.711 w/a-Law

6.2. Target interface
UNI of the red coloured interface in figure 2 is the target interface of this Recommendation.
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Figure2 UNI as the target interface (ITU-T Y.2012 NGN architecture overview)

6.3. Target Recommendation

ITU-T Recommendation Q.3402 NGN UNI signalling profile (Protocol set 1) is the target
Recommendation.

6.4. Physical configuration

Physical configuration should define the functions which are needed for service testing. It may
be depending on target protocol. This paragraph should show the items about conditions of the
test configuration. There are two steps of Network Under Test (NUT), one is Network Integration
Test (NIT) and the other is interoperability testing of the End-to-End service.

Figure 3 shows a sample of the general configuration of NIT for the VoIP service testing at UNI.
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In this figure, the reference machine is similar to the network. And Figure 4 shows the sample of
the general configuration of VoIP interoperability testing of the End-to-End service.

Test Subject

Tester
(Product)

Reference Machine)

UNI

Figure 3 General Configuration of NIT for the VoIP Service testing

Terminal-A Test Subject
Reference Machine) (Product :Terminal-B)
NGN
UNI UNI

Figure 4 General Configuration of VoIP interoperability testing of the End-to-End service
6.5. Test scenarios of Network Integration Test (NIT)

The following is a sample of the Network Integration Test (NIT) for VoIP service testing at
UNL

6.5.1. Test items

Following is the sample of test items.

A) Terminal registration
B) Negotiating SIP capabilities

C¢) Audio terminal's behaviour

For details, refer to the tables of “List of sequences.”

Table 2: List of sequences of NIT

Corresponding clauses and
N Sequence Name figures of Annex Table p-1:
List of sequences

1 Terminal registration (access-line based authentication) Annex p.1.1
2 Deletion of terminal registration (access-line based authentication) Annex p.1.3

Call origination to disconnection (IPv4, Use of timer and 100rel,
3 G711 uf-%law) ( Annex p.1.4

Call termination to disconnection (IPv4, Use of timer and 100rel,
4 G.711 p-law) ( Annex p.1.6
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5 Call cancellation Annex p.1.7
6 Busy on the terminating side Annex p.1.8

6.5.2. Execution flow
NGN service testing should be conducted in the following steps,
(1)  Set the test object, target interface and target Recommendations
(2)  Set the physical configuration and target products
(3)  Define the test scenarios
(4)  Examine the service testing according to the test scenarios and analyze the test output

Detail clauses are shown as follows.

6.5.2.1. Terminal registration (access-line based authentication)

This clause shows a message flow in the case that a network requires a REGISTER from a
terminal, and access-line based terminal authentication is performed. An IPv4 address and an
IPv6 address are used as Contact address, and REGISTER is performed by IPv4 UDP. The
network notifies the pre-existing route by a Service-Route header and the available network-
asserted user identity by a P-Associated-URI header.

In the terminal registration such as the one shown below, a SIP-URI composed of a telephone
number is used as the URI to be specified in From header and To header at the time of terminal
registration like the caller number shown in Annex pl.3 etc Figure 5. Note that there may be a
case of using a SIP-URI which is not composed of the telephone number according to the
policy of NGN carriers.

SIP domain: examplel.ne.jp
TEL: 03-1111-1111, 03-1111-1112
IP (SIP): 192.0.1.1, 2001:db8:1234:5678:acde:48ff:fe01:2345 IP (SIP): 192.0.1.10, 2001:db8::1

Terminal Network

F1: REGISTER
The EUF refreshes F2: 200 OK (REGISTER)

the registration
based on the

interval in Annex F3: REGISTER
c.4.

A 4

A

A 4

F4: 200 OK (REGISTER)

A

Figure 5 Terminal registration (access-line based authentication)

F1: REGISTER

. REGISTER sip:examplel.ne.jp SIP/2.0

i Via: SIP/2.0/UDP 192.0.1.1:5060;branch=z9hG4bK12345678-11111111
i Max-Forwards: 70

1 To: <sip:0311111111@examplel.ne.jp>

' From: <sip:0311111111@examplel.ne.jp>;tag=1234abcd-11111111

: Call-ID: gqwertyuiop111111@192.0.1.1
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 CSeq: 1 REGISTER
i Contact: <sip:qwertyui@192.0.1.1>,<sip:asdfghjk@[2001:db8:1234:5678: acd
ie 48ff:fe01:2345]>

i Allow: INVITE,ACK,BYE,CANCEL,PRACK,UPDATE,MESSAGE

Explres 3600

| Supported: path
_Content Length: ©

;SIP/2 0 200 OK

' Via: SIP/2.0/UDP 192.0.1.1:5060;branch=z9nG4bK12345678-11111111

Path: <sip:192.0.1.10;1r>

To: <sip:0311111111@examplel.ne.jp>;tag=9876zyxw-10101010

From: <sip:0311111111@examplel.ne.jp>;tag=1234abcd-11111111

Call-ID: gwertyuiopl111111@192.0.1.1

CSeq: 1 REGISTER

Contact: <sip:qwertyui@192.0.1.1>;expires=3600,<sip:asdfghjk@[2001:db8:
1 1234:5678:48ff:fe01:2345]>;expires=3600 |
i Supported: path

| Service-Route: <sip:s-cscf.examplel.ne.jp;lr>

| P-Associated-URI: <sip:0311111111@examplel.ne.jp>,<sip: 0311111112@examp
i lel.ne.jp>

i Content-Length: @

- REGISTER sip:examplel.ne.jp SIP/2.0

Via: SIP/2.0/UDP 192.0.1.1:5060;branch=z9nG4bK12345678-11111112
Max-Forwards: 70

To: <sip:0311111111@examplel.ne.jp>

From: <sip:0311111111@examplel.ne.jp>;tag=1234abcd-11111112
Call-ID: gwertyuiop111111@192.0.1.1

CSeq: 2 REGISTER

Contact: <sip:qwertyui@192.0.1.1>,<sip:asdfghjk@[2001:db8:1234:5678:acd
| e:48ff:fe01:2345]>

' Allow: INVITE,ACK,BYE,CANCEL,PRACK,UPDATE,MESSAGE

» Expires: 3600

i Supported: path

i Content-Length: @

.SIP/2 0 200 0K

Via: SIP/2.0/UDP 192.0.1.1:5060;branch=z9hG4bK12345678-11111112

Path: <sip:192.0.1.10;1r>

To: <sip:0311111111@examplel.ne.jp>;tag=9876zyxw-10101011

From: <sip:0311111111@examplel.ne.jp>;tag=1234abcd-11111112

Call-ID: gwertyuiop111111@192.0.1.1

CSeq: 2 REGISTER

i Contact: <sip:qwertyui@192.0.1.1>;expires=3600,<sip:asdfghjk@[2001:db8:
1 1234:5678:48ff:fe01:2345]>;expires=3600 l
i Supported: path

i Service-Route: <sip:s-cscf.examplel.ne.jp;1lr>

i P-Associated-URI: <sip:0311111111@examplel.ne.jp>,<sip: 0311111112@examp

Rec. ITU-T Q.3948 (06/2011) — Prepublished version Document Sh&ing Hub
Copyright International Telecommunication Union/ITU Telcommunication Sector
Provided by IHS Markit under license with ITU-T Licensee=/, User=,
No reproduction or networking permitted without license from IHS Not for Resale,

Full document details: ITU-T Q.3948 2011


http://www.avadocuments.com/doc/itu-t-q-3948-2011
http://www.avadocuments.com/doc/itu-t-q-3948-2011

i lel.ne.jp>
. Content-Length: ©

6.5.2.2. Deletion of terminal registration (access-line based authentication)

This clause shows a message flow in the case that terminal registration is deleted under the
same condition of option item selection as in Annex Table p-1assuming that the old registration
of the terminal remain in the network when the power of the terminal turns on and so on.

SIP domain: examplel.ne.jp
TEL: 03-1111-1111, 03-1111-1112

IP (SIP): 192.0.1.1, 2001:db8:1234:5678:acde:481f:fe01:2345 IP (SIP): 192.0.1.10, 2001:db8::1
| Terminal Network
F1: REGISTER o
Terminal registration . F2: 200 OK (REGISTER)

\ 4

F4:200 OK (REGISTER)

A

F3: REGISTER
Terminal deletion

Figure 6 Deletion of terminal registration (access-line based authentication)

F1 to F2 are omitted because they are the same as those of Annex Table p-1.

* F3: REGISTER

- REGISTER sip:examplel.ne.jp SIP/2.0

Via: SIP/2.0/UDP 192.0.1.1:5060;branch=z9hG4bK12345678-11111112
Max-Forwards: 70

To: <sip:0311111111@examplel.ne.jp>

! From: <sip:0311111111@examplel.ne.jp>;tag=1234abcd-11111112
! Call-ID: qwertyuiop111111@192.0.1.1

1 CSeq: 2 REGISTER

i Contact: *

! Allow: INVITE,ACK,BYE,CANCEL,PRACK,UPDATE,MESSAGE

i Expires: @

i Supported: path

: Content-Length: @

- SIP/2.0 200 0K

' Via: SIP/2.0/UDP 192.0.1.1:5060;branch=z9hG4bK12345678-11111112
Path: <sip:192.0.1.10;1r>

To: <sip:0311111111@examplel.ne.jp>;tag=9876zyxw-10101011

From: <sip:0311111111@examplel.ne.jp>;tag=1234abcd-11111112

1 Call-ID: gqwertyuiopl111111@192.0.1.1

1 CSeq: 2 REGISTER
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: Service-Route: <sip:s-cscf.examplel.ne.jp;1lr>

! P-Associated-URI: <sip:0311111111@examplel.ne.jp>,<sip: 0311111112@exampu
i lel.ne.jp>

i Content-Length: @

6.5.2.3. Call origination to disconnection (IPv4, Use of timer and 100rel, G.711 p-law)

This clause shows a message flow of a call connection sequence on the originating side in the
case that timer and 100rel are enabled on both originating and terminating sides. IPv4 is used
for call control signals and media, UDP is used for call control, and G.711 p-law is used as
audio media. Session refresh is performed by UPDATE, and disconnection (by the originating
side) is finally performed by BYE.

This clause shows a message flow on the terminating side under the same condition of option
item selections as of option item selections as Annex Table p-1.

SIP domain: examplel.ne.jp

TEL: 03-1111-1111, 03-1111-1112 IP (SIP): 192.0.1.10
IP (SIP/RTP): 192.0.1.1 IP (RTP): 192.0.1.11
Terminal Network
F1: INVITE

A\ 4

F2: 100 Trying (INVITE)
F3: 180 Ringing (INVITE)
F4: PRACK

F5: 200 OK (PRACK)

A

A

\ 4

A

F6: 200 OK (INVITE)

A

F7: ACK

\ 4

Communication

F8: UPDATE

F9: 200 OK (UPDATE)

F10: BYE

F11: 200 OK (BYE)

A

Figure 7 Call origination to disconnection
(IPv4, Use of timer and 100rel, G.711 p-law) (access-line based
authentication)

F1: INVITE
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Via: SIP/2.0/UDP 192.0.1.1:5060;branch=z9hG4bK12345678-11111121
Route: <sip:192.0.1.10;1r>,<sip:s-cscf.examplel.ne.jp;1r>

i Max-Forwards: 70

1 To: <tel:@322222222;phone-context=examplel.ne.jp>

i From: <sip:0311111112@examplel.ne.jp>;tag=1234abcd-11111121
: Call-ID: gqwertyuiop111112@192.0.1.1

| CSeq: 1 INVITE

| Contact: <sip:zxcvbnm@192.0.1.1>

i P-Preferred-Identity: <sip:0311111112@examplel.ne.jp>

' Privacy: none

| Allow: INVITE,ACK,BYE,CANCEL,PRACK,UPDATE

! Supported: 1@@rel,timer

. Session-Expires: 300

Content-Type: application/sdp

| Content-Length: 195

<
(]

- 82664419472 82664419472 IN IP4 192.0.1.1

o

N IP4 192.0.1.1

0

' m=audio 10000 RTP/AVP @ 96

! a=rtpmap:0 PCMU/8000

1 a=rtpmap:96 telephone-event/8000
1 a=fmtp:96 0-15

:a=ptime:20

0O wn
O H 1

© SIP/2.0 100 Trying
' Via: SIP/2.0/UDP 192.0.1.1:5060;branch=z9hG4bK12345678-11111121

1 To: <tel:0322222222;phone-context=examplel.ne.jp>

1 From: <sip:0311111112@examplel.ne.jp>;tag=1234abcd-11111121
i Call-ID: gqwertyuiopl111112@192.0.1.1

i CSeq: 1 INVITE

i Content-Length: ©

: SIP/2.0 180 Ringing

Via: SIP/2.0/UDP 192.0.1.1:5060;branch=z9nhG4bK12345678-11111121
Record-Route: <sip:192.0.1.10;1r>

To: <tel:0322222222;phone-context=examplel.ne.jp>;tag=9876zyxw-10101020
From: <sip:0311111112@examplel.ne.jp>;tag=1234abcd-11111121

Call-ID: gwertyuiopl111112@192.0.1.1

CSeq: 1 INVITE !
Contact: <sip:mnbvcxz@192.0.1.10>

: Allow: INVITE,ACK,BYE,CANCEL,PRACK,UPDATE
i Require: 1@@rel

: RSeq: 1

. Content-Length: @

* F4: PRACK

- PRACK sip:mnbvcxz@192.0.1.10 SIP/2.0
©Via: SIP/2.0/UDP 192.0.1.1:5060;branch=z9hG4bK12345678-11111122
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Route: <sip:192.0.1.10;1r> :
i Max-Forwards: 70

1 To: <tel:0322222222;phone-context=examplel.ne.jp>;tag=9876zyxw-10101020

i From: <sip:0311111112@examplel.ne.jp>;tag=1234abcd-11111121

i Call-ID: gqwertyuiop111112@192.0.1.1

. CSeq: 2 PRACK

' RAck: 1 1 PRACK

| Content-Length: @

- SIP/2.0 200 OK

» Via: SIP/2.0/UDP 192.0.1.1:5060;branch=z9hG4bK12345678-11111122

| To: <tel:@322222222;phone-context=examplel.ne.jp>;tag=9876zyxw-10101020
! From: <sip:0311111112@examplel.ne.jp>;tag=1234abcd-11111121

1 Call-ID: gwertyuiopl111112@192.0.1.1

1 CSeq: 2 PRACK

i Content-Length: @

: SIP/2.0 200 OK

Via: SIP/2.0/UDP 192.0.1.1:5060;branch=z9hG4bK12345678-11111121
Record-Route: <sip:192.0.1.10;1r>

To: <tel:0322222222;phone-context=examplel.ne.jp>;tag=9876zyxw-10101020
From: <sip:0311111112@examplel.ne.jp>;tag=1234abcd-11111121
Call-ID: gwertyuiopl111112@192.0.1.1

CSeq: 1 INVITE

Contact: <sip:mnbvcxz@192.0.1.10>

Allow: INVITE,ACK,BYE,CANCEL,PRACK,UPDATE

Require: timer

Session-Expires: 300;refresher=uas

Content-Type: application/sdp

Content-Length: 197

<
()

- 82917391739 82917391739 IN IP4 192.0.1.11

o

N IP4 192.0.1.11
0
§m=audio 20000 RTP/AVP © 96
, a=rtpmap:0 PCMU/8000
| a=rtpmap:96 telephone-event/8000
| a=fmtp:96 ©-15
© a=ptime:20

+ 0 n
O H 1

" ACK sip:mnbvcxz@192.0.1.10 SIP/2.0

' Via: SIP/2.0/UDP 192.0.1.1:5060;branch=z9hG4bK12345678-11111123
' Route: <sip:192.0.1.10;1r>

' Max-Forwards: 70

1 To: <tel:0322222222;phone-context=examplel.ne.jp>;tag=9876zyxw-10101020

i From: <sip:0311111112@examplel.ne.jp>;tag=1234abcd-11111121

i Call-ID: gqwertyuiop111112@192.0.1.1

: CSeq: 1 ACK

Rec. ITU-T Q.3948 (06/2011) — Prepublished version Document SH&ing Hub
Copyright International Telecommunication Union/ITU Telcommunication Sector
Provided by IHS Markit under license with ITU-T Licensee=/, User=,
No reproduction or networking permitted without license from IHS Not for Resale,

Full document details: ITU-T Q.3948 2011


http://www.avadocuments.com/doc/itu-t-q-3948-2011
http://www.avadocuments.com/doc/itu-t-q-3948-2011

;UPDATE sip:zxcvbnm@192.0.1.1 SIP/2.0 :
' Via: SIP/2.0/UDP 192.0.1.10:5060;branch=z9hG4bK87654321-22222222

| Max-Forwards: 64

1 To: <sip:0311111112@examplel.ne.jp>;tag=1234abcd-11111121

r From: <tel:0322222222;phone-context=examplel.ne.jp>;tag=9876zyxw- 101019
' 20

i Call-ID: gqwertyuiopl11112@192.0.1.1

i CSeq: 100 UPDATE

i Contact: <sip:mnbvcxz@192.0.1.10>

! Allow: INVITE,ACK,BYE,CANCEL,PRACK,UPDATE

| Supported: timer,1@0rel

1 Session-Expires: 300;refresher=uac

i Content-Length: @

SIP/2 0 200 OK :
Via: SIP/2.0/UDP 192.0.1.10:5060;branch=z9hG4bK87654321-22222222

1 To: <sip:0311111111@examplel.ne.jp>;tag=1234abcd-11111121

i From: <tel:0322222222;phone-context=examplel.ne.jp>;tag=9876zyxw- 161010
1 20

iCall-ID: gwertyuiop111112@192.0.1.1

 CSeq: 100 UPDATE

| Contact: <sip:zxcvbnm@192.0.1.1>

! Allow: INVITE,ACK,BYE,CANCEL,PRACK,UPDATE

' Require: timer

1 Session-Expires: 300;refresher=uac

i Content-Length: @

* F10: BYE

" BYE sip:mnbvcxz@192.0.1.10 SIP/2.0

' Via: SIP/2.0/UDP 192.0.1.1:5060;branch=z9hG4bK5678-11111124

i Route: <sip:192.0.1.10;1r>

i Max-Forwards: 70

i To: <tel:@322222222;phone-context=examplel.ne.jp>;tag=9876zyxw-10101020
i From: <sip:0311111112@examplel.ne.jp>;tag=1234abcd-11111121

' Call-ID: qwertyuiop111112@192.0.1.1

' CSeq: 3 BYE

i Content-Length: @

-SIP/2 0 200 OK

' Via: SIP/2.0/UDP 192.0.1.1:5060;branch=z9hG4bK5678-11111124

' To: <tel:@322222222;phone-context=examplel.ne.jp>;tag=9876zyxw-10101020
' From: <sip:0311111112@examplel.ne.jp>;tag=1234abcd-11111121

- Call-ID: gwertyuiop111112@192.0.1.1
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ECSeq: 3 BYE
. Content-Length: @

6.5.2.4. Call termination to disconnection (IPv4, Use of timer and 100rel, G.711 p-law)

This clause shows a message flow on the terminating side under the same condition of option
item selections as Annex Table p-1. After receiving a call from the network, session refresh is
performed by UPDATE, and disconnection (by the terminating side) is performed by BYE. The
network notifies the calling-party's identity information by the P-Asserted-lIdentity header, and
the called-party's information by the P-Called-Party-1D header to the called terminal.

SIP domain: examplel.ne.jp

TEL: 03-1111-1111, 03-1111-1112 IP (SIP):  192.0.1.10
IP (SIP/RTP): 192.0.1.1 IP (RTP): 192.0.1.11
Terminal Network
F1: INVITE

A

F2: 100 Trying (INVITE)
F3: 180 Ringing (INVITE)
F4: PRACK

F5: 200 OK (PRACK)

\ 4

A\ 4

A

A 4

F6: 200 OK (INVITE)
F7: ACK

\ 4

A

Communication

F8: UPDATE

F9: 200 OK (UPDATE)

F10: BYE

F11: 200 OK (BYE)

\ 4

Figure 8 Call termination to disconnection
(IPv4, Use of timer and 100rel, G.711 p-law)

* F1: INVITE

© INVITE sip:gwertyui@192.0.1.1 SIP/2.0

Via: SIP/2.0/UDP 192.0.1.10:5060;branch=z9hG4bK87654321-10101020
Record-Route: <sip:192.0.1.10;1r>

' Max-Forwards: 64

' To: <sip:0311111112@examplel.ne.jp>

i From: <sip:03122222223@examplel.ne.jp>;tag=9876zyxw-10101020
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CSeq: 101 INVITE :
Contact: <sip:1lkjhgfds@192.0.1.10>

P-Asserted-Identity: "©322222223" <sip:0322222223@examplel.ne. jp>,"03222
22223" <tel:0322222223;phone-context=examplel.ne.jp>

Privacy: none

P-Called-Party-ID: <sip:0311111112@examplel.ne.jp>

Allow: INVITE,ACK,BYE,CANCEL,PRACK,UPDATE

Supported: 100rel,timer

Session-Expires: 300

Content-Type: application/sdp

Content-Length: 197

1o

0 n o<

O H 1

82664482616 82664482616 IN IP4 192.0.1.11 |

N IP4 192.0.1.11
0
1 m=audio 40000 RTP/AVP 0 96
i a=rtpmap:0 PCMU/8000
i a=rtpmap:96 telephone-event/8000
i a=fmtp:96 0-15
> a=ptime:20

. SIP/2.0 100 Trying

1 Via: SIP/2.0/UDP 192.0.1.10:5060;branch=z9hG4bK87654321-10101020
1 To: <sip:@311111112@examplel.ne.jp>

t From: <sip:0322222223@examplel.ne.jp>;tag=9876zyxw-10101020

' Call-ID: poiuytrewql@1020@192.0.1.10

| CSeq: 101 INVITE

i Content-Length: @

- SIP/2.0 180 Ringing

' Via: SIP/2.9/UDP 192.0.1.10:5060;branch=z9hG4bK87654321-10101020
i Record-Route: <sip:192.0.1.10;1r>

1 To: <sip:0311111112@examplel.ne.jp>;tag=1234abcd-11111121

1 From: <sip:0322222223@examplel.ne.jp>;tag=9876zyxw-10101020
i Call-ID: poiuytrewql01010@192.0.1.10

1 CSeq: 101 INVITE

i Contact: <sip:asdfghjk@192.0.1.1>

! Allow: INVITE,ACK,BYE,CANCEL,PRACK,UPDATE

! Require: 1@0rel

' RSeq: 1

i Content-Length: @

" PRACK sip:asdfghjk@192.0.1.1 SIP/2.0

' Via: SIP/2.0/UDP 192.0.1.10:5060;branch=z9hG4bk87654321-10101021
' Max-Forwards: 64

1 To: <sip:0311111112@examplel.ne.jp>;tag=1234abcd-11111121

i From: <sip:0322222223@examplel.ne.jp>;tag=9876zyxw-10101020

: Call-ID: poiuytrewql01010@192.0.1.10
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: CSeq: 102 PRACK :
i RAck: 1 1 PRACK |
i Content-Length: @

© SIP/2.0 200 OK

' Via: SIP/2.0/UDP 192.0.1.10:5060;branch=29hG4bK87654321-10101021
1 To: <sip:0311111112@examplel.ne.jp>;tag=1234abcd-11111121

i From: <sip:0322222223@examplel.ne.jp>;tag=9876zyxw-10101020

1 Call-ID: poiuytrewql01010@192.0.1.10

' CSeq: 102 PRACK

i Content-Length: ©

. SIP/2.0 200 OK

Via: SIP/2.0/UDP 192.0.1.10:5060;branch=z9hG4bK87654321-10101020
Record-Route: <sip:192.0.1.10;1r>

To: <sip:0311111112@examplel.ne.jp>;tag=1234abcd-11111121

From: <sip:0322222223@examplel.ne.jp>;tag=9876zyxw-10101020 :
Call-ID: poiuytrewql01020@192.0.1.10

| CSeq: 101 INVITE

i Contact: <sip:asdfghjk@192.0.1.1>

! Allow: INVITE,ACK,BYE,CANCEL,PRACK,UPDATE
i Require: timer

. Session-Expires: 300;refresher=uas

| Content-Type: application/sdp

i Content-Length: 195

<
(]

- 82917391739 82917391739 IN IP4 192.0.1.1

o

IN IP4 192.0.1.1

' t=0 0

! m=audio 30000 RTP/AVP @ 96

i a=rtpmap:0 PCMU/8000

r a=rtpmap:96 telephone-event/8000
i a=fmtp:96 0-15

:a=ptime:20

N n

" ACK sip:asdfghjk@192.0.1.1 SIP/2.0

' Via: SIP/2.0/UDP 192.0.1.10:5060;branch=z9hG4bKk87654321-10101022
' Max-Forwards: 70

1 To: <sip:0311111112@examplel.ne.jp>;tag=1234abcd-11111121

i From: <sip:0322222223@examplel.ne.jp>;tag=9876zyxw-10101020

1 Call-ID: poiuytrewql01010@192.0.1.10

+ CSeq: 101 ACK

| Content-Length: @
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F8: UPDATE

: UPDATE sip:lkjhgfds@192.0.1.10 SIP/2.0

' Via: SIP/2.0/UDP 192.0.1.1:5060;branch=z9hG4bK12345678-11111125
Max-Forwards: 70

To: <sip:0322222223@examplel.ne.jp>;tag=9876zyxw-10101020

From: <sip:0311111112@examplel.ne.jp>;tag=1234abcd-11111121
Call-ID: poiuytrewql01010@192.0.1.10

CSeq: 201 UPDATE

Contact: <sip:asdfghjk@192.0.1.1>

\ Allow: INVITE,ACK,BYE,CANCEL,PRACK,UPDATE
| Supported: timer,l1@@rel

i Session-Expires: 300;refresher=uac
. Content-Length: @

- F9: 200 OK (UPDATE)

- SIP/2.0 200 OK

i Via: SIP/2.0/UDP 192.0.1.1:5060;branch=z9hG4bK12345678-11111125

' To: <sip:@322222223@examplel.ne.jp>;tag=9876zyxw-10101020

! From: <sip:0311111112@examplel.ne.jp>;tag=1234abcd-11111121

' Call-ID: poiuytrewql01010@192.0.1.10

i CSeq: 201 UPDATE

i Contact: <sip:lkjhgfds@192.0.1.10>

i Allow: INVITE,ACK,BYE,CANCEL,PRACK,UPDATE

| Require: timer i
Session-Expires: 300;refresher=uac
| Content-Length: @

;BYE sip:asdfghjk@192.0.1.1 SIP/2.0

5V1a SIP/2.0/UDP 192.0.1.10:5060;branch=z9hG4bK87654321-11111124
: Max-Forwards: 70

' To: <sip:@322222223@examplel.ne.jp>;tag=9876zyxw-11111121

! From: <sip:0311111112@examplel.ne.jp>;tag=1234abcd-10101020

' Call-ID: poiuytrewql01010@192.0.1.10

| CSeq: 103 BYE

i Content-Length: ©

-SIP/2 0 200 OK

Via: SIP/2.0/UDP 192.0.1.10:5060;branch=z9hG4bK87654321-11111124
To: <sip:0322222223@examplel.ne.jp>;tag=9876zyxw-11111121

From: <sip:0311111112@examplel.ne.jp>;tag=1234abcd-10101020

i Call-ID: poiuytrewql@1010@192.0.1.10

. CSeq: 103 BYE

: Content-Length: @

6.5.2.5. Call cancellation (disconnection while ringing)
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This clause shows an example message flow for call cancellation by the originating side under

the same condition of option item selections as in Annex Table p-1.

SIP domain: examplel.ne.jp

TEL: 03-1111-1111, 03-1111-1112 IP (SIP): 192.0.1.10
IP (SIP/RTP): 192.0.1.1 IP (RTP): 192.0.1.11
Terminal Network
F1: INVITE _
P F2: 100 Trying (INVITE)
[ |
I . F3: 180 Ringing (INVITE) 1
| h |
I F4: PRACK > |
: < F5: 200 OK (PRACK) :
L — | . This part may not exist depending on the timing |
of call cancellation.
F6: CANCEL -
P F7: 200 OK (CANCEL)
P F8: 487 Request Terminated
F9: ACK >

Figure 9 Call cancellation (disconnection while ringing)

F1 to F5 are omitted because they are the same as those of clause Annex Table p-1.

* F6: CANCEL

- CANCEL tel:@322222222;phone-context=examplel.ne.jp SIP/2.0
Via: SIP/2.0/UDP 192.0.1.1:5060;branch=z9nhG4bK12345678-11111121
Route: <sip:192.0.1.10;1r>,<sip:s-cscf.examplel.ne.jp;1lr>

| Max-Forwards: 70
1 To: <tel:0322222222;phone-context=examplel.ne.jp>

! From: <sip:0311111112@examplel.ne.jp>;tag=1234abcd-11111121

1 Call-ID: qwertyuiop111112@192.0.1.1
1 CSeq: 1 CANCEL
i Content-Length: 0

© SIP/2.0 200 OK

1 Via: SIP/2.0/UDP 192.0.1.1:5060;branch=z9nhG4bK12345678-11111121

1 To: <tel:0322222222;phone-context=examplel.ne.jp>;tag=9876zyxw-10101020

v From: <sip:0311111112@examplel.ne.jp>;tag=1234abcd-11111121

iCall-ID: gwertyuiop111112@192.0.1.1
i CSeq: 1 CANCEL
- Content-Length: ©
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* F8: 487 Request Terminated

: SIP/2.0 200 OK

' Via: SIP/2.0/UDP 192.0.1.1:5060;branch=z9nG4bK12345678-11111121 |
' To: <tel:0322222222;phone-context=examplel.ne.jp>;tag=9876zyxw-10101020
! From: <sip:0311111112@examplel.ne.jp>;tag=1234abcd-11111121 !
1 Call-ID: qwertyuiop111111@192.0.1.1

1 CSeq: 1 INVITE

i Content-Length: 0

© ACK tel:0322222222;phone-context=examplel.ne.jp SIP/2.0

1 Via: SIP/2.0/UDP 192.0.1.1:5060;branch=z9nG4bK12345678-11111121

' Route: <sip:192.0.1.10;1r>

i Max-Forwards: 70

1 To: <tel:@322222222;phone-context=examplel.ne.jp>;tag=9876zyxw-10101020
i From: <sip:0311111111@examplel.ne.jp>;tag=1234abcd-11111121

 Call-ID: gwertyuiopl111111@192.0.1.1

| CSeq: 1 ACK :
| Content-Length: @

6.5.2.6. Busy on the terminating side

This clause shows a message flow in the case that the destination is busy (short of empty
sessions) under the same condition of option item selections as Annex Table p-1.

SIP domain: examplel.ne.jp

TEL: 03-1111-1111, 03-1111-1112 IP (SIP):  192.0.1.10
IP (SIP/RTP): 192.0.1.1 IP (RTP): 192.0.1.11
Terminal Network
F1: INVITE o
P F2: 100 Trying (INVITE)
< F3: 486 Busy Here

F4: ACK

A 4

Figure 10 Busy on the terminating side

F1 to F2 are omitted because they are the same as those of clause Annex Table p-1.

F3: 486 Busy Here

- SIP/2.0 486 Busy Here

' Via: SIP/2.0/UDP 192.0.1.1:5060;branch=z9hG4bK12345678-11111121

To: <tel:0322222222;phone-context=examplel.ne.jp>;tag=9876zyxw-10101020
i From: <sip:0311111112@examplel.ne.jp>;tag=1234abcd-11111121

: Call-ID: gwertyuiopl111111@192.0.1.1
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CSeq: 1 INVITE :
i Content-Length: ©

© ACK tel:0322222222;phone-context=examplel.ne.jp SIP/2.0

Via: SIP/2.0/UDP 192.0.1.1:5060;branch=z9hG4bK12345678-11111121

Route: <sip:192.0.1.10;1r>

Max-Forwards: 70

To: <tel:0322222222;phone-context=examplel.ne.jp>;tag=9876zyxw-10101020
! From: <sip:0311111111@examplel.ne.jp>;tag=1234abcd-11111121 !
1 Call-ID: qwertyuiop111111@192.0.1.1 !
1 CSeq: 1 ACK

i Content-Length: o

66 Test scenario of VoIP interoperability testing of the End-to-End service

This paragraph shows the detail steps for each test to prevent the omission of VoIP

* interoperability testing of the End-to-End service. This step should be tested after NIT
confirmation in 6.5.
Figure 11 shows a sample of the general configuration of VoIP interoperability testing of the End-
to-End service and follow this is the sample that shows test steps.

Reference Machine Terminal-A Product -Terminal-B
UA) UA)
NGN
FS/RS/REG)
UNI UNI

UA: User Agent, PS: Proxy Server, RS: Redirect Server, REG: Registration Server

Figure 11 General Configuration of VoIP interoperability testing of the End-to-End service

6.6.1. Test items

Following is the sample of test items.

A) Register a UA in the server.
B) “Calling UA” calls “Receiving UA”. Checking PRACK request and OK response.

C) If'the call is not received, try calling again up to 3 times. If the call is still not
received, check the communication conditions, such as the registration information. If
something is wrong with the conditions, then retry from (A); otherwise, consider this

as a communication error and conduct procedure (G).
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D) After confirming the connection, the receiving UA checks that it can properly receive the

audio, video (if required), and other test items from the other terminal in accordance with

the items listed. Also, the encoding mode that has executed the communication for the

caller or the receiver must be recorded respectively for Calling UA or Receiving UA.

E) Continue the communication for at least 3 minutes. Then, check if all the items have been
tested. Check if the session timer is updated by UPDATE request and OK response.

F) Both the caller and the receiver must confirm that the communication can be disconnected

properly.

G) Switch roles of the caller and the receiver, and repeat procedures (A) to (F).

Test criteria of each test items should be described to clarify the conformance test verifications.

Table 3 is a sample of test criteria.

Table 3 Test criteria
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Ne| Item Judging standard
1 % Terminal registration Confirm the communication of audio and the video in
8 each mode for more than 3 minuets.
5 i Confirmation of Audio| Confirm PRACK request and OK response.
E.D_' communications Confirm the session timer is updated by UPDATE
3 request and OK response at least one time.
% . ) Record the maximum transmission rate capability that
3 | E Transmission rate of Audio
8 was exchanged.
4 | > Other If required
) ) Confirm that Terminal disconnected properly when
5 Disconnection by Network ; :
Terminal disconnected.
i ) ) Confirm that Terminal disconnected properly when:
6 Disconnection by terminal . . ;
Terminal disconnected. '
Ne| Item Judging standard
1 | = Terminal registration Confirm the communication of audio and the video in
o .
Q each mode more than 3 minuets.
) § Confirmation of Audio| Confirm PRACK request and OK response.
Ug. communications Confirm a session timer is updated by UPDATE
& request and OK response at least one time.
= Record the maximum transmission rate capability that
3 % Transmission rate of Audio P Y
= was exchanged.
4 % Other If required
~ ) ) Confirm that Terminal disconnected properly when
5 Disconnection by Network ; :
Terminal disconnected.
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6 Disconnection by terminal ) ;
Terminal disconnected.

Confirm that Terminal disconnected properly when

7. Analyze the test output

The test outcomes are assumed to be as follows: Such as a test event, an examination log, and a

state, output as a test outcome in Test campaigns are compared, and the NGN service of the

examination target device and the confirmation of adaptability

The test outcomes (such as the output test event, test logs and statement of the tested product) as

service testing results in Test campaigns should be compared with the specification of the

Recommendations.

7.1. Test report production

This paragraph shows the methods to make a summary of the examinations for the test result

successes and failures and shows the detailed items required for success of the tests in order to

illustrate the results of the conformance test.

Test result will show two items about NIT (Network Integration Test) for service test and VoIP

interoperability testing of the End-to-End service.

Table 4 and 5 shows a sample Verification sheet.

Table 4 Verification sheet of NIT

Item Result '
Success Failure
Terminal registration
@) (access-line based authentication)
b) Deletion of terminal registration
(access-line based authentication)
Call origination to disconnection
© (IPv4, Use of timer and 100rel, G.711p-law)
@ Call termination to disconnection
(IPv4, Use of timer and 100rel, G.711 p-law)
(e) | Call cancellation
(f) | Busy on the terminating side

TableS VoIP interoperability testing of the End-to-End service

| | Item Result
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Success Failure

Terminal registration

Confirmation of Audio communications

Sending side

Transmission rate of Audio

(Terminal A)

Other (if required)

Disconnection by Network

D | O [~ W (N |

Disconnection by terminal

Item

Result

Success Failure

Terminal registration

Confirmation of Audio communications

Sending side

Transmission rate of Audio

(Terminal B)

Other (f required)

Disconnection by Network

S | [ [ DN |

Disconnection by terminal
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ANNEX
Additional specifications to NGN UNI Signalling Profile (Protocol Set 1)

Contents

Annex a.  Clarification and option lists 0f Q3402 MaiN DOAY .....ccueeveruiriiriieieriieteieetee sttt sttt ettt ettt et e teeseesbeeneese e 31
a.l. OVETVIEW ...ttt ettt ettt s e bt bt sttt et e bt eh bt ekt b e e a e st e bt ea e e bt b e s et e st eb e e bt e bt st ettt et et eb e eb e eb e e b e b et et eseeneebeebenbensenee 31
a.2. RETEIEIICES ...ttt e a ekt h et s e st s et e b et et e s e ea e es e ekt e bt et e b e s em e es e es e es e ek e e b e s et eneeneeneebesbentenes 31
a.3. Clarification and OPLION TISES .......eiueiiiieiei ittt ettt e e st e ket et e et e e se e st eseebe st e s e e esee st ebeebensensenes 31

Annex b.  Calling line identification presentation and related headers..........ccooieiiriiiiiniiiiiii e 37
b.1. OVETVIBW ...ttt ettt sttt ettt ettt st b et et eb e bt et st b et et eh e bt ea e bt b e s et e st e bt et e e bt s ettt b et et eb e et e eb e et et et et eneeneeueebentennenee 37
b.2. RETETEIICES ...ttt sttt et e b ettt st b et ettt b e e bt a e sa et et eateae et e st saeeens 37
b.3. NetWork-asSerted USET IAENLILY ......eecverieieriieiertieiereetert et te et eb e te e e st e besteesaesseessesseessesseesseassesesseenseessensesseensenseensene 37
b.3.1.  Notification when the terminal TEGISIETS ..........eiiiitirieieietieieete ettt ettt ee ettt sttt es e st ese et e ebe et et eneeneeneeseabeneenes 37
b.4. CalliNg PATLY IUMDETS. .....cueeueetieteitertet ettt ettt ettt et et et en e esees e ee e et e s e st emeesees e eeeebeseenseseeseeseebeabensenseseeneeneebensensenes 37
b.4.1.  Procedures on originating @ Call..........co.ioiiiiiiiiiiiee ettt ettt et b e st et s bt ettt et et 38
b.4.1.1.  Selecting a calling-Party 1ENLILY .......cc.ieierierieiieeieierteeteet ettt et e st etee e st etesae e besteentesaeensesteensesseensensesnsenseensensenns 38
b.4.1.2. Setting for presentation/restriction of calling-party IdENtItY.........cceverrieriirieriieierie ettt sttt ene 38
b.4.2.  Procedures on reCeIVING @ CAll ......ccuiiiiriiiieiieieie ettt et ettt et e e et e st esbeeteessesseenseeseessesseenseesaensesseansensenssensens 39
b.4.2.1. In the case that calling-party identity, cause of no ID, etc. are notified............ccereieririiiiineeeeeeeeee e 39
b.4.2.2. In the case that calling-party identity, cause of no ID, etc. are not notified...........cceoveiririiineieeeeeeeee e 40
b.5. DestiNAtion MOITICALION. .....c..irttetieiiete ettt ettt sttt b et e s bt ea b e s bt eat e be e st e bt ea b e s bt eneesbeenbenbeessenbeentenbessaenbean 40
b.6. URI format in the case that a national NUMDET IS USEA.......c..cc.erveiiiriiiiniieieicerceese ettt 40
b.6.1.  user part and 10cal-NUMDBET-AIZIS PATT .......ccueruieieriieierieeiete ettt ettt et et e st e e s teenbe bt ebesbeentesseensesseensenseensensenns 41
b.6.2.  hostport part and deSCriptOr PArt O CONTEXE ...cuviruirieriieieiieiieiestetese et esteetete st ebesteestesseessessesssesseessesseessesseansessenssensens 41
b.7. SUDAAAIESS ...ttt ettt ettt ettt e s e st e bt e bt bt e e st ea e et e eh e et e b et en s es e eh e bt e e e b en e eneen e eheee et et et enteneeneeneebeanennan 41
b.7.1. SuDAAAress INfOTMATION ......c..euiiuiieiitiitiie ettt e e ettt b et e e s es e eb e et et e e e s eneeneeseebeebe et et eneeneeneeseseeneenes 41
b.7.1.1. Contents of SUbAAAIESsS INTOTMAION ......c.eetiitiiiiitieteiteeiiet ettt ettt et b ettt ea b e st e et esbeeabesbeesbesbeesee bt eneenteene 41
b.7.1.2.  Formats of subaddress INfOIrMAtION ..........ccueiiiiiririiniiiiiii ettt ettt ettt be et eae b sae s 41

ANNEX C. REGISITALION. 1. .etieuiitieiieetteteet ettt ettt et et e et e bt et e teeetenseeseesbesseensee st esbe st e enseestensesseenseeatesseentenseensanseentenseentansesseenseeneansenns 42
c.l. OVETVIEW ...ttt ettt ettt ettt h bt sttt ea e bt eh bt ettt e et e st e bt eb e b et e s em e e st eb e eb e e bt e b et e b e e et ebteb e e bt e b e b et et esteneebeebenbensenee 42
c.2. Obtaining the NEtWOTK AAAIESS. ... ..c..iiuiieieiieieet ettt ettt ettt et e e st e st es et e sb et e e eneeneeneebeseensenes 42
c.3. T4 114 13 T ) OO TSSOSO 42
c.3.1.  path extension function and Service-Route REAET ............coiiriiiiiiiiiiiiiee et 42
C.3.2.  PIC-CXISTINZ TOULC .. e eueeutieuieteeuieteetteteettesteettestesueesaesueestesseensesseensesseanseeseentesseansaseensesseensesseenseseensenseense st ansansesstenseensansenne 42
c.3.3.  Difference of address format retained bY NETWOTK .........cccuiriiiiiriiiiiiieieies ettt sttt see e eae e 42
c4. REITESN. ...ttt bbbttt b e bt e bt b et b et h bbb bttt n e bbbt nee 43
c.5. DICLELION ...ttt ettt ettt ettt et s bbb e e e e m e et e bt ee e ek et et em e e st e Rt eE e b e Rt oAt b et en e en e e Rt Rt ke b et et e st en e eneebenbensenes 43
c.5.1.  Considerations on terminal halt and IP address modification .............ccoeiieoieiiirineieeee e 43
c.6. REGISIIALION ©VEIIE ...c..eeutiiietieiiett ettt ettt ettt ettt et eh et e s bt e st e sbeeab e e bt es b e e bt en b e bt est e bt eabesbeembesbeenbenbeestenbeentenbesnsenbeas 43
C.6.1.  SubSCIIPtiON tO TEZISIIALION EVENL ...cu.eeuiitieiieiieiierteeterteetteteettesteeseetestteteeaeessesseessesstenseseeensesseensesseensenseensansesseensesneensenee 43
C.6.2.  Notification Of TEZISLIAtION EVENL.......ccueruieieriieiertieiesteeiest e et e sttt eteettetesaeebesteesesatenseseeensesseensesseensesseensensesnsenseensensenne 43

ANNEX d.  SIP Capabilities EXCHANGE. ... .c.evvieeietieietiiieiti et esteete et et et e e steebesteessesseessesseesseseassessesssanseassensesssenseassensassseseassensenss 44

Documents
Rec. ITU-T Q.3948 (06/2011) — Prepublished version Document SB45ing Hub
rovde by 1S Mart under Toanse wih ITUT |+ oo e Sectr Licensee=/, Users,
No reproduction or networking permitted without license from IHS Not for Resale,

Full document details: ITU-T Q.3948 2011


http://www.avadocuments.com/doc/itu-t-q-3948-2011
http://www.avadocuments.com/doc/itu-t-q-3948-2011

d.1. OVETVIEW .t ettt eeee et e ettt e et e e et e et e eaeeeteeeseeeeaeeeaseeeseeeseeeesseeaseenseeesseetseeaseenteseeseeenseenseeenseeeseeenseenseeenseeeneeenseearees 44

d.2. AVATIADIE METNOAS. ...ttt ettt ettt ettt ettt sttt s btk ea ettt e 44
Q2,10 UPDATE ...ttt h et h et h e st e bt e a e e bt e st e sb e ea b e bt e et e bt ea b e eheem b e bt eabe st e enbe bt eabebeestenbeeneente et 44
A.2.20 PRACGK ...ttt bbbtk b etttk 44
d.3. EXENSION TUNCHION ...ttt 44
d.3.1.  Session timer fUNCHION (HIMET) ..e.verveeieitieierieeieste et estestteteeteetesteestesteestesseessessesssesseeseessesssensesseessesseensesseassensesssenseassensens 44
d.3.2.  Provisional response reliability function (TOOTEL).........ccoriiieiiiiiiieieee ettt 44
Annex e.  SDP and media handling............coooiiiiiiiiee ettt n et a et e et neene et etenens 45
e.l. OVETVIEW ...ttt ettt sttt ettt sttt et e s et a et ae et eh e aeea e b s e s et e st e bt e bt e b e s e et e s e e et ebtebeeue et e sae s et eseeneeneebenaeaenee 45
e.2. Judging @ Media ChANGE TEQUESE .......eruieuiertieieitieiete ettt ettt ettt et ettt et e st e et e steeste et eenbesseentesstensesstensesseensesseensesseensennes 45
€.2. 1. RECEIVING SDP...coeiiiiiieieeiee ettt ettt ettt e st e e s h et e eteesteseeeab e st e entesseent e st eseente bt eate st e entenbeentenseeseenseeneentenee 45
€.2.2.  SENAING SDP.....eioiiiiiieiiiieieeeee ettt et et et e e e et e et et e e st et e e st et e er e e bt e st et e eR e e bt et e eseentenbeeste s e entenseesteteeseenbeeneentenne 45
e.3. PAYI0AA TYPC -ttt ettt ekttt h e a bkt b et a e a e bbb et b et et en e e Rt eh e ke be b et e st en e eneebenbe s enee 45
e4. FallDACK PIrOCEAUIE. .......cueeiietiiietee ettt et a et b et e e st e bt et e bt et et e b et esees e eseebeab et eneeneeneeneebenbensenes 45
€.4.1. TP version INCOMPALIDILIEY ... ccueetirtieiintiiiert ettt ettt sb et e st e bt e bt et enteeat e be s it e beebte bt eseenbesbeenbeeueantenne 45
€.4.2. Media type INCOMPALIDIIIEY ......eruieuiertieieitieieie ettt sttt ettt et et eab e beeate bt ese e sesatenbeesteseentenseeneensesseensesseanseee 46
Annex f.  Congestion prevention and COMEIOL..........couiiiiiiiirinitit ettt ettt et ettt sa et eb et s bt st b et et eseeuesaesrenaens 47
f.1. OVEIVIBW ..ttt etttk b et b et a st s bt a et b et s e bt a ekt e st b et sa st s et e e ene e s nesne st nenen 47
f.2. Considerations on congestion control at time of re@IStratioN ..........cc.erieieiriiireieieeee e 47
f2.1. ActiOns ON rECEIVING AN CITOT TESPOISE ......veeverertertententeneeseaterteaseneeseeseaseasesseseneeseeseeseaseasensensenseseeseaseasessensenseseesesseasensennan 47
£.2.2. AcCtiOnS ON IECEIVING N0 TESPOTISE -..uveurerriruieterutetesttentesttesesseentesseastesseentesseassesseestenseessensesstensesstensesstenseessensesseensesseansenee 47
f.2.3.  Considerations on registering multiple Contact AdAIESSES ........ccueeuirrierirriiriieieriieiere ettt te sttt see et e seeeeesbeeseneeens 47
£.2.4.  USCT NAME OF PASSWOTT CITOT .....eeuvieuietieuterteenieteetesteestesteeseessesseensesseensesseensesseessesseensenseensesseenseessensesssensesssensesseesseseensense 47
f.2.5.  Re-registration at the occurrence of temMPOrary fAUILS .........ceecverieiiiriiriei ettt eeesteseaeseessese e 47
f.3. Considerations on congestion control when originating @ Call...........c.ocoiiiiiiiiiiiiieee e 48
£.3.1. CONGEStION NMOTTICALION. ... euiitititiieiieii ettt ettt ettt et e bt e e s e st es e et e e b e b e e eneeneese et e eae et esbenbenseseeneaseasenaenean 48
f.3.1.1. Notification to a terminal from @ NETWOTK ...........ccueoiiiiiiiiiiiciie ettt s 48
£.3.1.2.  Notification from a termiNal t0 @ TSI ........ccceeiruiriiieiiiiriintertet ettt ettt ettt ettt ettt ettt sbe st et e et ebeebesaeeaenaennen 48
£3.2.  Additional information NOTIICATION .......c.ceiriirtiriiiiiiiii ittt ettt ettt b ettt be e b ae s 48
£.3.2.1.  Notification from a network to @ terminal..............ccoeirieiriiiiiiiiiieieece et 48
£.3.2.2.  Notification from a terMiNAl t0 @ USET ........ccurueuireeueriiteieieirietitetet ettt ettt ettt ettt aebe st bt e et e enesesse e e eseeebesenaenens 49
f.3.3. USET NAIME OF PASSWOTT CITOT .....eveintiiieienieetieteeitestteat bt ettesteeste bt eat et e ebeen bt ebeesbesbeeateebeeabesbeembeesse bt ebeenbeeueensesbeenseeseennenee 49
Annex g BandWidth COMIIOL ........ooiiiiiiiiiiiiee ettt ettt eh bt a et e eb e e bt e bt et e e st e bt eatenbeeste bt eab e besstenbeeneentenee 50
g.l. OVEIVIEW .uvteutitientestteteettetesteenteeutentesteestesseeasesseeste st ense st emte st ensesseestenseentanseeetenseententeemse st enseeseentesseanbanseensenseensansennnansean 50
g.2. RETEICIICES ...ttt ettt e e et e st et e et e et e e st e s st enb e e bt entesseenb e e s e entesseenbeeseensesseenbenseenseseeensenns 50
g.3. Bandwidth control mechanism in NGN .........cciiiiiiiiiieiieieiesieeee ettt et e ste et e saeessesseesbesseansessaessesseessensesssensens 50
g.3.1.  Resource and Admission COontrol FUNCHONS .........cciiiiriiieiiieiiitieie ettt ettt st et se s besaeneas 51
€.3.2. POLICING fUNCHION. ...ttt ettt h ettt s bt b et e b et eae e b e e bt eb et e e b e e e e en e es e ese et eabesenseseeneeneebensennan 52
2.3.2.1. BehaVIOUT OF POLICET ..ottt ettt et h e a et a e b s bt e bt e bt e bt eate bt et e st e enbenbeesbenbeestenbeeneentenne 52
2.3.2.2.  TOKEN SUPPLYING TALE .....eueetieuietieiieiteeiett et e sttt et et et et et e st e este st e eate e bt estesseessebeestesseentanseensenseensesseensesseensansesseenseensansenne 54
g4. SIP/SDP SPECTTICATIONS ....euvieieuieeiienieetieteettete et eitestt et esttetesteeste st entetesseenseeseanteseeenseeseensesntenstensansesntenseensensessaenseensansanes 54
g4.1.  Specifying RTP BandWidth ..........ccveviiiiiiieieiecee ettt ettt et s et este e st e sbeesbe st e essesseassesessnenseessensenes 54

Documents

Rec. ITU-T Q.3948 (06/2011) — Prepublished version Document Si2ging Hub
Copyright International Telecommunication Union/ITU Telcommunication Sector
Provided by IHS Markit under license with ITU-T Licensee=/, User=,
No reproduction or networking permitted without license from IHS Not for Resale,

Full document details: ITU-T Q.3948 2011


http://www.avadocuments.com/doc/itu-t-q-3948-2011
http://www.avadocuments.com/doc/itu-t-q-3948-2011

g.4.1.1. Considerations on overhead in IOWET JAYETS. .......cciiiriiriiieieieere ettt sb et ne et saeneas 54

g.4.1.2.  CoNSIACrations ON DUISTIMESS ... .c.veuteutitiiteieieti ettt ettt et et et es e ese st ete s s et et eseeseeeeabeeens e seseeseese et easeseneeseenesseesensennan 54
842, RTCP DANAWIAN.....ceiiiiiiiiiiitciic ettt ettt b ekttt bbbt b bt st b et bttt saebenenen 55
g.5. QUALIEY CLASS ..ttt ettt ettt ettt et e st et e s bt eat e st e este bt ea b et e este bt eat e bt emte st ens e b e enteeseenseeseentesaeenba st entenbeensenbeennensean 55
g.5.1.  Multiple quality classes and DIffSEIV ..........cocoiiiiiiininiiiiien ettt sttt 55
2.5.2. SettiNg OF DSCP VAIUC .....eeiuiiiieiieiecieeieettete sttt ettt st e b e st et e e te e st e sseasse st e essesseessesseessenseassenseensenseassensanssenseassensenes 56
Annex h.  Constraints on string length and value range of STP MESSAZES .....ccuerveieiririiriiieieieee et 57
h.1. OVEIVIBW ..ttt eb et b et bt a ket eb et b st s h b s e bt et e st b st s e bt s ekt seb ettt sa bt et eb e e ene st b enenaenenenen 57
h.2. String length and VAIUE TANGE ........coouiiiiiiiiieiee ettt et b ettt e bt et e bt e bt e beeat et e sbeebeebeenbenee 57
BL2ULL STP bbb bbbk bkttt b etttk 57
BL2.20  SDIP ettt h kbbbt 58
Annex i.  Audio terminal DERAVIOUT .........cooiiiiiiiiiiiiciiiece ettt ettt 59
il OVEIVIBW ..tinitiieteitrtettt et ettt ettt ettt bbbt a ekt eb et b et s h bt eb ettt b e st s e bt s ekt eb et ekt na bt et e ke e ebe e benenaeneanenen 59
i.2. COAC ...ttt ekttt et h et btk h bt bt ekt h bt h stk et eb et b et be e eben 59
i.2.1. PaCKEtIZAtION PETTIOM. .....vintieeiiiieieeiiete ettt ettt e a et at e bt e h b e bt e st et e bt e sbeea b e s bt embesbeeabenbeesbenbeentenbessaenbean 59
1.3. Behaviour at time 0f diSCONNECION .........cueuiiiiiiiiiiiiiiiiiie e 59
i.3.1. Sending @ CANCEL/BYE FEQUESE ......c..ctiiiiiriiriitet ettt ettt ettt ettt et ettt eae st sne e 59
i.3.2. Receiving a CANCEL/BYE request (before final reSPONSE) .....ccveveeverieriieieieiieiesieeiesiteie et sve e sreeae e evesseesnenseas 59
i.3.3.  Receiving a CANCEL request (after final FESPOMSE) ......coueruerueieieiiiiieieite ettt ettt ettt 60
1314, RECEIVING @ 3XX TESPOIISE ...veuveueeuiemeauiatietestetenteneeseeseeseaseaseseseeneeseeseaseaseasensenseseeseastaseasensenseneenseneesease et easensenseseeseaseasensennan 60
i.3.5. RECEIVING @ 4XX 10 OXX TESPOIISE. ....veuveeuritienterteententteterteestesteeutestesstenseestessesstensesseentesseenseaseensesseensesseensenseessenseentensessaensens 60
1.3.6. Sending @ 4XX t0 OXX TESPOIISE......everriuremeeutetietertententetteuteteatestesestestestetestestestesteutestebe st estestesteusentebesbestesensenteseebestensensennen 60
i.4. Ringing tone generation and dialog MANAZEMENL .........ccuerieruirieriiriertieieie ettt ettt et e et eteseeesbe s st esbeeseenbesaeensesseenseens 60
i.4.1. SENAING @ 18X TESPOMISE. ..eeuverieureriieirertietesteetesteetesseestesseassesseessesseassessesssaseassessessseseassessesssesseessessesssenseessensessasssenssensense 60
1.4.2. RECEIVING @ I8X TESPOIISE ...veuveueeuieuietietieteitertetes et eteeteateeteteseeseeseeteeseateaseseeneeseeaees e et e abeasemseneenees e et e ese et eabensenseseeneaseasensennan 60
1.4.2.1. RiINZING tONE ZENETALION ......eitititinieiieiieteeteetiete ettt ete bt et et et es e e st et e et e ebeaseaseseeseese et e abe et e seneenees e et e ese et easensenseseeneaseasensennan 60
1.4.2.2.  Early Media GENETATION ...cc..ertieiiitieientteteit ettt ettt et ettt e st e ea b e bt eate s bt eatesb e st s e beeste bt es s e teestenbeest e beebeenbeessetesseenbesneentenee 61
1.4.3. RECEIVING 8 2XX TESPOIISE ...vveuvieuretieutintietesttetesttetesteestesstessaeseentesseensesseensesstensesseensesseansasseensesstensesseensesseensesseensesseensenses 61
1.4.3.1. Management of multiple dialogs and MEIa ..........cceeriiririiiiiee ettt eee 61
i.5. IMEAIA CHANGE. ... .evieiietieiieite ettt ettt et e e te st e be e st et e e seesseeseessesseessesseanseeseessenseessensaesseaseansesseensesseansanseessenseansansenssensenn 62
1.5.1. TP address and POt IUIMDET .........c.eiuiieieiietietieterte ettt s ettt e b et e st es e e bt et e et e s e s eneeseenees e et e ese et e senseneeseeneseeaseneennan 62
ANNEK J. OPLIOMN TEIMIS ...ttt ettt ettt ettt e bt et et e e e st esees e et e b e st et e s e esees e eseeb e s emseseemeeseeb e bt es et eneeneeneeseebe et e benseneeneenessenseneens 63
j-L. IIETOAUCTION ...ttt ettt et e bt e bt et e bt et s bt et e e bt et e sh e em b e eb e eabeeat e bt embe s bt embesbeenbenbeesbenbeentenbeeneensean 63
j-2. OPption IteM EXITACHION POLICY ..eeuviruiereriieieetiete ettt et et e et ete st etesteeste bt eate st esteseeseenbessaenseaneesseensesseensasseensenseensensesnsensean 63
j-3. Option tem tADIE fOIMAL.......cc.eiiiiiieiecieeie ettt ettt et e s bt et e st e et e bt enbesseentesaeensesseensesseensanseenaensean 63
j4. (0013 T0) IR 11 10T 1) (RSP UUURUSPTRTR 63
EiAnnex K. RESPONSE COAC USAZE ...evevitiiiteieieiiettet ettt ettt sttt ettt e be e e st ese et e b e ettt e e ea s e st e st eae et e e b e et ensemeeneen e et e abe b et eneeneeneabeanesenes 80
okl INEFOQUCTION <.ttt ettt ekt a ekt b e bt a ekt e bttt sa bttt e e en et b enenaenenenen 80
k.2. XK TESPOTISE ..nvtvtentteutenteemteateeutesteeutesbeeutebeeste bt eaeenbees b e bt eatenbeesten bt eseembeee b emtees e enbeeh e emteeb e enbeeb e enteebeen b e eheenteebeenbeebeennenbeentenns 80
K21, 403 FOIDIAEN.......cviiiiiiiiiiiiiciic et 80
K220 404 NOE FOUNM ..ottt ettt et ettt h bt a e bt bt a et et ea e bt et e st et ebeebesaeebenaennen 80
K230 410 GOME ..tttk ekt h ekt b ekt n et enen 80
Documents
Rec. ITU-T Q.3948 (06/2011) — Prepublished version Document Si2§ting Hub
Provcd by IHS Marktunder Tcanse it ITU-T 1+ 1+ See! Licensee=/, User=,
No reproduction or networking permitted without icense from IHS Not for Resale,

Full document details: ITU-T Q.3948 2011


http://www.avadocuments.com/doc/itu-t-q-3948-2011
http://www.avadocuments.com/doc/itu-t-q-3948-2011

k2.4, 433 AnOnymity DISAIIOWE .......coiiuiiiiriiieieiiit ettt ettt h e h et b ettt e st e st e btk eeb et et e st neene et aenean 81

k.2.5. 480 Temporarily UNavailable..........ccociiiiiiiieiiieiieee ettt ettt s bt e s b et e eseeneseeebeneenean 81
K.2.6. 480 BUSY HETE ..ottt h et b it h e h e bt e a e bt ea b bt et e bt ea b e bt ea b e beebte bt et ete et 81
k2.7, 487 ReqUESt TEIMINALEA ...c.veeuieiieiieiiieiietieieste ettt ettt ettt et e e et e e st e sbeest et e estesbeensanbesneesbeenbesseense st ensasesstenseensensenns 81
K.2.8. 488 NOt ACCEPLADIE HETE .....ccueieuieiieitieieetiete sttt ettt ettt et st e e st e st e s bt e st e s bt entesbeenbesseenbe st ensansesssenseensasenne 81
k.3. SKX TESPOTISE .vevvenvrenreseesreseessessesssesseassessesssenseassassesssesseessensessessseassensessesssesseessenseensenseessessesssenseessensesssenseessessesseensenssensense 81
K.3.1. 503 Service UNavailable ........c.cccvueiriiuiriiieirieinieinietctee ettt ettt ettt sttt bttt sa ke be e bt nenen 81
Annex 1. Mapping SDP description t0 QOS CIASSES ......c.eeuiruiriirieieietiete ettt ettt sttt s et ae st et e ee e eneeneeeestenaens 83
1.1. OVETVIEW ...ttt ettt sttt ettt sttt et e s et a et ae et eh e aeea e b s e s et e st e bt e bt e b e s e et e s e e et ebtebeeue et e sae s et eseeneeneebenaeaenee 83
1.2. (0703 1 1o o | OO OO U SRR USPRRR 83
1.3. EXampPle Of COTTESPONACIICE .....cuvieuieiiieiieieetieie ettt ettt ettt ettt ettt et e e bt et e e bt e st e ebeenteeaeensesseentesseensenseensenseensansesseansenn 83
L30Le SDP ettt b ekt a ettt s ekt a et a et b et bt aeneas 83
ANNEX M. SECUIIEY CONSTARTALIONS ....euietiuiitiitetet ettt ettt et e e ettt ettt e te e e st et e es e et e et e beneeseeseese et e s ese s eneeneeseebeebentenseneeneeneeneasenseeans 85
m.1. OVEIVIBW .tinitiieeieitrtettt et ettt ettt ettt ettt b et bt b et bt bt s b bt e b et e b et b st s e bt s ekt s bttt na st et eb e e ebeseebenenaenenenen 85
m.2. Requirements Or the UNLL........oouiiiiiiieee ettt et b et b e st et e bt e bt eab e s bt esbesbeeabesbeestesbeenbenbeeneensean 85
m.3. SOIULION EXAMPLES......eeutiiieiietieie ettt ettt ettt ettt et et et e s te st te bt eutesbe st eenbeeseenbesseenseeseenseesteseensanseentenseentensessaenseentansaee 85
m.3.1.  Filtering With SOUICE IP @dAIESS ......cc.eeiiiruiiieiiieieri ettt ettt et a et e st e et e sbe et e st e entesaeensesseentenseeneesenne 85
M.3.2.  Limiting the POTt fOT USE ...eiuiiiertieieiiieietietete sttt ettt et st e et e st e et e s te e st e sseeseessessseseessenseenseseessessaensesseassensesssenseassensenes 85
m.3.3. Randomization of a Contact header (on terminal TeZiStration) ..........cecueiriririirieieiecee e 86
m.3.4. Randomization of a Contact header (0n initiating SESSIONS) ......erveverieuiriirieiterterieeieeie ettt st eseebeseeneas 86
m.3.5. Considerations on transparent transfer 0f SIP MESSAZES .......cevverueeriiriiiiiiriieiereetere ettt sttt 86
Annex n.  Discovery procedure 0F the SCE ..ottt ettt ettt e te st et e et e sbeest e beentensesstenseeneensenns 87
n.l. OVEIVIEW ..ttt st b b s e s st b et ea ettt n s 87
n.2. RETETEIICES ...ttt ettt sttt b ettt skt e st b et st s et et ene st sn st nenen 87
n.3. DHCP/DHCPVO ...ttt h ettt a et b ettt e e e e e st es e e bt e et e b e e b et emees e es e et e e be s emseneeneeseebenbensenes 87
n4. Terminal PreCONTIGUIALION .......oo.iiiiiiiiiei ettt ettt ettt ettt et et e s e s bt e et b e st e e eseesees e et e ebense s e st eneeneebeabensenes 87
Annex 0.  Signalling rule of SIP messages and NEAARTS ..........eevuiiuiiiiriiiiiieee ettt ettt b et ne e 88
o.l. Dynamic VIEW a1d STALIC VIEW .....couiueuieiiiiiitiitintetet ettt ettt ettt sttt ettt sae st be et b et e bt et s bt ee et et ebeebesaennentens 88
01,10 STALIC VIBW .ttt 88
0.1.2.  DIYNAIMIC VIEW ..cuteitieiietieieiiteiesteetesteestesttestesseestessesssessesseesseassessesssansesseessesssassesesssesssessessesssesseessensesssesseessensesssessenssensenes 88
0.1.3.  Adoption of dynamic view fOr thiS QNNEX..........cceeiririiriiieieieert ettt ettt e be et et e st seeseeseebeneenean 88
0.1.4.  Definition of notation codes in the tables in thiS ANNEX .......c.ceecirieiriiierineineireereree ettt 88
0.2. AACK ettt h bt b€t h et btk h bbbt eb etk h et heh bbbkt h bbbt eb ettt eee 90
0.2.1.  Supported headers in the ACK TEQUESL ........ccueiiiiiiiriiniiei ettt ettt ettt be et eae b aeeen 90
0.2.2.  Supported headers in the ACK TESPONSE .......eeueruirieriieiietietietestet e et ete st eetes it setestesstestesaeensesseessesseensesseensessesssensesnsensenes 91
0.3. BY E ettt ekt s ettt n et n ettt enes 92
0.3.1.  Supported headers in the BYE TEQUEST .....cc.eoueiiiiiiiieiee ettt ettt se e b seeneas 92
0.3.2.  Supported headers in the BYE T@SPONSE ......coueiiieiiiiiiiiitiee ettt b et se e beseeneas 94
0.4. CANC EL ... vttt ettt h et bttt b bt st b et bbbt e b e ekt e b st st ekt eb et bt bbb bt bttt st b e eben 96
0.4.1.  Supported headers in the CANCEL TEQUESL......cc.evieriertieieetieterteeierteetetesteet et ete st et e s teestesbeeeesbessesseensessesssensesnsensenns 96
0.4.2.  Supported headers in the CANCEL TESPOMNSE .....ccueruieriiruieiiriieieetieieettetesteetesteetesseessesteessesseessesseensesseensessesssesseesensenne 97
0.5. INVITE ..ottt ettt b et st e sttt s e et seene e st saene e enen 98
Documents
Rec. ITU-T Q.3948 (06/2011) — Prepublished version Document S2ging Hub
Provcd by IHS Marktunder Tcanse it ITU-T 1+ 1+ See! Licensee=/, User=,
No reproduction or networking permitted without icense from IHS Not for Resale,

Full document details: ITU-T Q.3948 2011


http://www.avadocuments.com/doc/itu-t-q-3948-2011
http://www.avadocuments.com/doc/itu-t-q-3948-2011

0.5.1.  Supported headers in the INVITE TEQUEST ......ceeuiiiiiiiiiiieieiieer ettt sttt ettt sb et eseesesseebesaenean 98

0.5.2.  Supported headers in the INVITE T@SPONSE......cc.eiuirieieieiiitieiiieieiei ettt ettt ettt ettt ettt eeestesbeste e eseenesbesseneens 101
0.6. MESSAGE ...ttt b bt btk b ket h st h et bt h et bt a bbbkt s et ettt enes 104
0.6.1.  Supported headers in the MESSAGE T@QUESE.......cc.eriiieriieieieiiteie ettt ettt et ettt et e te b ese et e satebesaeenseseeensenaes 104
0.6.2.  Supported headers in the MESSAGE TESPONSE. ......cccueruirieriieieieeieniteiesieete it ete e siteteettetesseebesseesesseenbesaeensesseensennes 106
0.7. INOTIEY ettt b et st a bbbt a bt e bt a et n e e st enene e 108
0.7.1.  Supported headers in the NOTIFY TEQUEST -....c.ceiruiiiriieieiet ettt ettt ettt e e e ese e st bt stesbente e eseenesbesseneens 108
0.7.2.  Supported headers in the NOTIFY T@SPONSE......c..erueieieieiiitietiiteieiei ettt ettt et ettt etesbe st et e st e st eeestesbestenseneeneeneetennens 110
0.8. PRACK ...tttk ettt b et b e e h et b et bt b et h et h et eh et h ekt e h et a b btk et b ettt he st naenen 112
0.8.1.  Supported headers in the PRACK TEQUESE ........eouieieriirieiieieie sttt sttt et ettt ettt e e sste b e sseestesstebesneesesseenseenes 112
0.8.2.  Supported headers in the PRACK TESPONSE......cueruirieriiriertieienieeterteete e sete sttt estesetebesse e tesstebesseessesseesesneensesseensesnes 114
0.9. PUBLISH ..ottt ettt ettt a b st ene e e ne st snenes 116
0.9.1.  Supported headers in the PUBLISH FEQUESL........cceiuiriirieieieiietiiteriee ettt ettt sttt seestesbe st eneeneetenaens 116
0.9.2.  Supported headers in the PUBLISH IESPONSE......cc.erueieuiriiitiriiiteieieiieieet ettt ettt ste et e st esestesbeste s eneeneeneetennens 118
0.10. REFER ...ttt ettt ettt b e bt b et bt h et h et et b et h et e bt et h et bbb bbbt b ettt b e enes 120
0.10.1.  Supported headers in the REFER TEQUESE .....cceeiuiiiiiiiiieiieieie ettt sttt ettt sttt st e e s e e seeensenes 120
0.10.2.  Supported headers in the REFER TESPONSE.......ccueruieieriiiieiieierieeierie ettt ettt et et sste b staestesseenbesaeenteseeensannes 122
o.11. REGISTER ..ottt ettt ekttt bkttt b bttt b ekttt enene 124
o.11.1.  Supported headers in the REGISTER T@QUEST.......c.ciuiiuirieieieiiiteiteieeiiei ettt ettt ettt see e be e ese s e sneeens 124
0.11.2.  Supported headers in the REGISTER T@SPONSE ......ccueruiriiriiienieiiitieieieieiei ettt ettt st se st e besae e eseenesbesseeens 126
0.12. SUBSCRIBE ...ttt ettt ettt ettt ettt h e bt sttt bt stk et bt be et eb et eb et ehe et ebe e ebes e et eb e st ebe st ene st ebenesnenens 128
0.12.1.  Supported headers in the SUBSCRIBE TEQUESL.......ccueiiiriiriiiieiiieieetete sttt ettt sttt ettt et eteseeebesaeenteseeensenaes 128
0.12.2.  Supported headers in the SUBSCRIBE TESPONSE .......ccueruieriieiiiiiiieiieierieetenieete st setenteeneesesstetesstesesstensesaeensesseensenns 130
0.130  TUPDATE ..ottt ettt ettt b bbbttt 132
‘ 0.13.1.  Supported headers in the UPDATE FEQUEST ......cc.eeuiitirieieieiietietesteie ettt ettt et es ettt te e e et e bt seeseesbeneenseseenessesseneens 132
0.13.2.  Supported headers in the UPDATE TE€SPONSE......c.coueuirieuirieiiiiieiirieiiniettrteieteresesteiensereseeteseresessesessestsaesesesesessenesaesennenes 134
Annex P- MESSAZE CXAMPIES ...veneientiiieieiteeieet ettt ettt ettt e bt et et eh e et eh e et e eb e et e e bt en b e sbeea b e e bt ea b e bt et e eb e enteebeen b e beenteebe et e beenaenbean 136
p-1. SEQUENCE EXAMPLES ......eeeueiiienieeiieteetiet ettt sttt ettt e st e et e s bt eate bt este st estesseestenbeeatenbeeseenbeessenseeneenbesseensesseensesseensesaeensenses 137
; p.1.1.  Terminal registration (access-line based aUthentiCAtION).........c.coevueieiiiriiririiieieteteeee ettt 137
p-1.2.  Terminal registration (HTTP Digest aUthentiCation)..........c.ccueriecierierrieniieierieseeieeeeteseesesseesesseessesseessessesssessesssensenes 139
p-1.3.  Deletion of terminal registration (access-line based authentication).............c.cevereieiriniiieneeecee e 141
p-1.4.  Call origination to disconnection (IPv4, Use of timer and 100rel, G.711 p-1aW)....coccoriiiiiniieiiiieeeeeceeeee 143
p-1.5.  Call origination to disconnection (IPv4, Use of timer and 100rel, G.711 p-law, HTTP Digest authentication)............. 147
p-1.6.  Call termination to disconnection (IPv4, Use of timer and 100rel, G. 711 P=1aW) ...c.coouiriieiinieiiiniinienieieie e 150
p-1.7.  Call cancellation (disconnection While TINGINE)........ccueeeueriirieriieierieeieteeeeie sttt et et este st et e besstesbeeneessesseensesaeensenee 154
p-1.8.  Busy on the termiNating SIAC.......c.ccuierieririeriieieteetete et ete et ete st et e s e esteteestestesseesseeseessesseesseassesesssenseessensesseensenssensenes 156
P-1.9.  Hearing the SUIAANCE .......ccueiiiieieiieieee ettt et h et b ettt s e bt et e b et e s e st ese e bt ebe e b e b e s e st eneeseebesaennan 157
p-1.10. Connection after hearing the guidance (using UPDATE) .......cccoiiiiiiiiiiiiiee ettt 159
p-1.11.  Sending MESSAGE (USING IPVO) ....cueiiiiiiiiiieteeteee ettt sttt sb et b e bt st et e st e bt eatentesbe e besneene et 161
p-1.12.  Receiving MESSAGE (USING IPVO) .....ccutiiiiieiieiicieie ettt ettt ettt ettt ste et e s st esbesstesbeensestesseensesneensenee 162
P-1.13. SuDSCIIPtiON tO TEZISLIATION EVENL ...e..eeuveeientietietertteteeteetesteetesttestesteestesteensesteessenseensesseensesseensesesseenseensensesseensesneansaes 163
p-1.14. Notification of registration event (on deletion of terminal TEZIStration) ..........ccvervievieriereertieierieeeerieeeereseere e erenaees 165
Documents
Rec. ITU-T Q.3948 (06/2011) — Prepublished version Document SBging Hub
Provcd by IHS Marktunder Tcanse it ITU-T 1+ 1+ See! Licensee=/, User=,
No reproduction or networking permitted without icense from IHS Not for Resale,

Full document details: ITU-T Q.3948 2011


http://www.avadocuments.com/doc/itu-t-q-3948-2011
http://www.avadocuments.com/doc/itu-t-q-3948-2011

This Annex provides additional specifications to ITU-T Recommendation Q.3402 in order to
define more detailed protocol specifications.

(a) Clarifications on the specifications, network options, and terminal options of the Q3402 main body in order
to improve the interoperability of SIP terminals connected to domestic NGN carriers through the UNI.
This annex shows the clarifications in tables with the corresponding clause number of the main body;
follow the content of this annex in addition to the main body. (Annex a)

(b) Calling line identification presentation (Annex b)

(c) Terminal registration (Annex c)

(d) Negotiating SIP capabilities (Annex d)

(e) SDP setting and media handling (Annex e)

(f) Considerations on congestion prevention and control (Annex f)
(g) Bandwidth control (Annex g)

(h) Limitations of SIP message settings (Annex h)

(i) Audio terminal's behaviour (Annex 1)

(j) List of network options and terminal options for this standard (Annex j)
(k) Guidelines for response code usage (Annex k)

(I) Mapping SDP description to QoS classes (Annex 1)

(m) Security considerations (Annex m)

(n) Discovery procedureof the SCF (Annex n)

(o) Signalling rule tables of SIP messages and headers (Annex o)

(p) Examples of message flows (Annex p)
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Annex a. Clarification and option lists of Q3402 main body

(This annex is a normative part of this standard.)

a.1. Overview

This annex provides clarification and option lists of the Q3402 main body to improve the interoperability of SIP
terminals to the NGN connected through the UNI in the architecture defined in the Q3402 main body.

a.2. References

References used in this annex are as follows.

[RFC4585] "Extended RTP Profile for Real-time Transport Control Protocol (RTCP)-Based Feedback (RTP/AVPF)", TTC
standard JF-IETF-RFC4585, version 1.0, March 2008

[RFC5104] "Codec Control Messages in the RTP Audio-Visual Profile with Feedback (AVPF)", TTC standard JF-IETF-
RFC5104, version 1.0, March 2008

[RFC5407]  "Example calls flows of race conditions in the Session Initiation Protocol (SIP)", TTC standard JF-IETF-RFC5407,
version 1.0, May 2009

a.3. Clarification and option lists

Annex Table a-1 shows the clarification and option lists for the main body of Q3402. Clauses unmentioned in the table
mean that specifications in the base document are applied as they are. Lists of options described in Annex a to Annex i
and Annex j to Annex o are not shown in Annex Table a-1. Refer to Annex j for lists of options including these
annexes and appendices.

Annex Table a-1/ JT-Q3402: Clarification and option lists

Clause of Q3402 main body

No. Name of clause Clarifications Options Remarks
2. References References needed for this standard
are described in each annex in -
addition to the base document.
5 Reference model In the case that the EUF is an audio
telephone terminal, follow Annex i. B
6. Assumptions 2. SRTP is not to be used for the
transfer of audio and video B
7.1 Consideration related | Specifications in the base document | Sending media packets from the
to media packets are applied as they are. originating terminal, in the case

that a Ixx response to INVITE
includes SDP answer. (Annex
Table j -25, Item 1)

Handling of media packets
before completion of SDP
negotiation to an initial INVITE
(Annex Table j -25, Item 2)
8.1 Codec list The audio codec list shall contain | Codecs to be contained in the
G.711p-law. Even when a codec in |codec list other than G.711p-
the codec list is set in an SDP offer, | law.

it may not be end-to-end|(Annex Table j-16, Items 1 to
negotiation, depending on a car-|3)

rier's policy. A codec that is not
contained in the codec list is not to
: be set in an SDP offer.

8.2 Packetization size For the packetization period in the
case of using G.711p-law, follow
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Annexi.2.1.

and RFC5031 are not to be used.
Support  for the  P-Media-
Authorization header specified in
RFC3313 is applicable only in the
direction from the SCF to the EUF.

For the handling of the Reason
header specified in RFC 3326,
follow Annex f.3.1.

For the handling of the path
extension function specified in RFC
3327, follow Annex c.3. Support
for the Path header is applicable
only to the response in the direction
from the SCF to the EUF.

Support for the Security-Client
header and Security-Verify header
specified in RFC3329 is applicable
only to the request in the direction
from the EUF to the SCF, and
support for the Security-Server
header is applicable only to the
response in the direction from the
SCF to the EUF.

Of the headers specified in
RFC3455, the P-Associated-URI
header and the P-Called-Party-ID
header are used, which conform to
Annex b.

The headers P-Charging-Vector, P-
Charging-Function-Addresses, and
P-Visited-Network-ID are not to be
used.

Support for the P-Access-Network-
Info header is applicable only to the
SIP messages in the direction from
the EUF to the SCF.

For the handling of the Service-
Route header specified in RFC
3608, follow Annex c.3.

For the registration event specified
in RFC 3680, follow Annex c.6.

9. Routing and | For the URI format in the case of | Request-URI  format of SIP
addressing using a national number, follow | requests outside existing

Annex b.6. dialogs, except for REGISTER.
For the subaddress, follow Annex |(Annex Table j -20, Items I
b.7. and 2)

10.1 RFCs to be supported | RFC2976, RFC3388, RFC3725,|The followings are the list of
RFC3824, RFC3853, RFC3861, | options for each RFC.
RFC3959, RFC3960, RFC4168,
RFC4244, RFC4412, RFC4458,|[RFC2046]

Use of MIME Multipart (Annex
Table j -10, Items 1 to 4)

[RFC3310, RFC2617, and
RFC3329]

Terminal authentication proce-
dures (Annex Table j -11,
Items 1 and 2)

Use of security capabilities
exchange function (sec-agree)
(Annex Table j -7, Item 8)

[RFC3262]

Use of provisional response
reliability  function  (100rel)
(Annex Table j -7, Item 2)

[RFC3265]

Use of SUBSCRIBE method and
NOTIFY method.

(Annex Table j -2, Items 10 to
15)

[RFC3311]

SDP offer by UPDATE

(Annex Table j -23, Items 1, 2,
5, and 6)

Media modification
dialog (Annex Table
Items 1 and 2)

in early
j =23,

[RFC3312, RFC4032]

Use of function for reserving
bandwidth  before session
establishment (precondition)
(Annex Table j -7, Item 5)

[RFC3313]

Use of P-Media-Authorization
header (Annex Table j -17,
Item 1)

[RFC3320, RFC3485,
RFC3486, RFC5049]
Use of SigComp (Annex Table
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Note: To support RFCs means to
follow the contents described in the
RFCs. It does not mean that their
capabilities are used in all sessions.

j -5, Item 1)

[RFC3388, RFC3524]
Use of Grouping of media
(Annex Table j -18, Item 1)

[RFC3428]

Use of MESSAGE method
(Annex Table j -2, Items2 to
5)

[RFC3515, RFC3892]
Use of REFER method (Annex
Table j -2, Items 6 to 9)

[RFC3556]

Use of SDP bandwidth modifier
for RTCP bandwidth (Annex
Table j -13, Item 4)

[RFC3581]

Allowing Hosted NAT in the
lower part of UNI (Annex Table
j -6, Item 1)

[RFC3840, RFC3841]

Use of terminal capabilities
notification  function  (pref)
(Annex Table j -7, Item 6)

[RFC3891]
Use of dialog replacement
function (replaces) (Annex

Table j -7, Item 3)

[RFC3903]
Use of PUBLISH method (Annex
Table j -2, Items 16 to 19)

[RFC3911]
Use of conference session
participation  function  (join)

(Annex Table j -7, Item 4)

[RFC4028]
refresh by UPDATE
j _83

Session
method (Annex Table
Item 1)

are applied as they are.

10.2.1.7 SIP Messages For maximum length of SIP
messages and its elements, follow -
Annex h.
10.2.1.7.1 Requests OPTIONS method is not to be used.
SIPS-URI is not to be used. B
10.2.1.7.4.1 |Message body types | Specifications in the base document | SDP settings for PRACK and 200
are applied as they are. OK to PRACK. (Annex Table j -
22, Items 2 and 3)
10.2.1.8.1.3 | Processing responses | Specifications in the base document | Terminal authentication

procedures (Annex Table j -
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11, Items 1 and 2)

10.2.1.8.3

Redirect servers

Specifications in the base document
are applied as they are. The 3xx
response is applicable to requests
outside existing dialogs, except for
REGISTER.

Use of redirect functions by 3xx
response (Annex Table j -12,
Items 1 and 2)

10.2.1.10

Registrations

For the terminal registration
procedures, follow Annex c. For
the congestion control at the time of
terminal registration, follow Annex

f.2.

Whether  or
registration
procedures (Annex Table j -2,
Item 1, Annex Table j -11,
Item 1, and Annex Table j -24,
Items 1 to 5)

not terminal

needed and

10.2.1.11

Querying for
capabilities

Querying for capabilities is not
supported.

10.2.1.12.1

Creation of a dialog

SIPS-URI is not to be used.

10.2.1.12.2

Requests within
a dialog

SIPS-URI is not to be used.

10.2.1.13

Initiating a session

Initial INVITE includes an SDP offer
which contains valid media.

(SDP negotiation using 2xx/ACK is
not to be used.)

Follow Annex f.3 for congestion
control at the time of call

origination.

10.2.1.14

Modifying
an existing session

In the case of using re-INVITE, SDP
offer is set in INVITE request.

Media
dialog is established. (Annex
Table j -23, Items 3 to 6)

modification after a

10.2.1.17

Transactions

the
conditions

For processing at race
triggered by  SIP
signalling crossover etc., conform
to [RFC5407]. Note that this
standard lists a sequence between
SIP-UAs, and when applying to the
UNI, it should be read as sequence

between network and terminal.

10.2.1.19

Common message
components

SIPS-URI is not to be used.

10.2.1.20.7

Authorization

The Authorization header is used
only when the SCF authenticates a
REGISTER request from the EUF.

10.2.1.20.11

Content-Disposition

Only the default value can be set in
the parameter of the Content-
Disposition header.

Application server model as de-
fined in RFC3959 is not to be used.

10.2.1.20.27

Proxy-Authenticate

The Proxy-Authenticate header is
used only in the 407 response when
the SCF authenticates a request
sent from the EUF outside existing
dialogs except for REGISTER.

10.2.1.20.28

Proxy-Authorization

The Proxy-Authorization header is
used only when the SCF authen-
ticates a request sent from the EUF
outside existing dialogs except for
REGISTER.

10.2.1.20.29

Proxy-Require

The Proxy-Require header is ap-

plicable only in the direction from
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the EUF to the SCF.

10.2.1.20.24

MIME-Version

Only "1.0" is supported

10.2.1.20.32

Require

Application server model as
defined in RFC3959 is not to be
used.

Use of timer, 100rel, and other
SIP option tags (Annex Table
j -7, Items 1 to 9)

10.2.1.20.33

Retry-After

For congestion control, the Retry-
After header is utilized as described
in Annex f.2.1.

10.2.1.20.34

Route

For the pre-existing route, follow
Annex c.3.

10.2.1.20.44

WWW-Authenticate

The WWW-Authenticate header is
used only in 401 responses when
the SCF authenticates a REGISTER
request from the EUF.

10.2.1.23

S/MIME

S/MIME is not to be used for SDP
with SIP messages related to
INVITE.

10.2.2.1

Extension method

For UPDATE and PRACK requests,
follow Annex d.

10.2.2.2.2

P-Asserted-Identity

The P-Asserted-Identity header is
used only in requests
dialogs

outside
existing for
REGISTER.

For

except

identification
presentation, follow Annex b.

calling line

10.2.2.2.3

P-Preferred-Identity

The P-Preferred-Identity header is
used only in requests
dialogs

outside
existing for
REGISTER.

For calling line identification pre-

except

sentation, follow Annex b.

10.2.2.2.4

Privacy

The Privacy header is used only in
requests outside existing dialogs
except for REGISTER.

Only "id" and "none" can be used
for privacy options. For calling line
identification presentation, follow
Annex b.

10.2.3

Summary of SIP
methods and headers

OPTIONS method is not to be used.

SIP methods to be used (Annex
Table j -2, Items 1to 21)

10.3.1

SDP usage

For the handling of SDP, follow
Annex e.

For the values specified in b= line,
follow Annex g.

SDP lines to be used (Annex
Table j -22, Items 4 and 5)

IP version to be used for media
(Annex Table j -3, Item 3)

Use of video (m=video) and data
communication (m=appli cation,
m=data, etc.) (Annex Table j -
14, Items 1 and 2)

Use of TCP for media [RFC
4145] (Annex Table | -14,
Item 3)

Specifications to be
supported

Specifications in the base document
are applied as they are. Feedback
function RTCP

utilizing

Use of feedback function
utilizing RTCP (Annex Table
j -19, Items 1 and 2)
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(RTP/AVPF)[RFC4585][RFC5104]
can be used.

12

Call control
signalling transport

UDP or TCP is used as transport
protocol for sending and receiving
SIP messages. TLS may be used for
security.

Layer 4 protocol for call control
signals (Annex Table | -4,
Items 1 to 3)

13

IP protocol version

Specifications in the base document
are applied as they are. Refer to
Annex e.4.1 for a note of IPv4/IPv6
fallback.

Layer 3 protocol for call control
signals (Annex Table j -3,
Items 1 to 4)
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Annex b. Calling line identification presentation and related headers

(This annex is a normative part of this standard.)

b.1. Overview

This annex clarifies procedures for calling line identification presentation and notification of "cause of no ID", SIP
headers used for them (P-Preferred-Identity, P-Asserted-Identity, Privacy, and From) and Request-URI, the SIP header
used for relevant network-asserted user identity (P-Associated-URI), and the SIP header used for called party
notification (P-Called-Party-ID).

b.2. References

References used in this annex are as follows.

[TS-1008] "Technical Specification on ISDN Called Party Subaddress Information Transferring through Provider's SIP
Networks", TTC standard TS-1008, version 1, The Telecommunication Technology Committee, June 2004

b.3. Network-asserted user identity

The network-asserted user identity is the identity of a user that is asserted by the network through authentication or
other means (verified by the network if provided by the terminal), and it is used for calling-party identity, etc. An
example of network-asserted user identity information is a SIP-URI composed of an E.164 number reachable to the
terminal. As described in clause b.7, subaddress information may be provided by the calling terminal.

Clause b.6 indicates a specific URI format for network-asserted user identity.

b.3.1. Notification when the terminal registers

In the case of using a REGISTER request for registration, the network may set a P-Associated-URI header [RFC3455] in
its 200 OK response in order to notify a network-asserted user identity to the terminal. [Annex Table j -24, Item 3]

A P-Associated-URI header lists one or more URIs which indicate network-asserted user identities allocated to the
terminal. In the case that multiple network-asserted user identities are listed, the terminal recognizes the first URI as
the default network-asserted user identity.

b.4. Calling party numbers

Calling party number (hereinafter referred to as calling-party identity) presentation should be realized based on JF-
IETF-RFC3323[RFC3323], JF-IETF-RFC3324[RFC3324], and JF-IETF-RFC3325[RFC3325] by notifying network-
asserted user identity and presentation/restriction information. Calling-party identity presentation/restriction are
applied to requests outside existing dialogs except for REGISTER which can be sent and received over the UNI.

Calling-party identity information presentation is mainly performed by four steps as follows.

1) A calling terminal transmits the selected calling-party identity information (P-Preferred-Identity) and
preference of presentation/restriction (Privacy) to a network, instructs a destination (Request-URI), and calls.

2) The network which has the calling party verifies and normalizes a calling-party identity that a terminal
selected, takes into consideration the default presentation/restriction setting etc. regarding the subscriber, and
determines a calling-party identity information transmitted in the network and through the NNI.

3) The network which has the called party takes into consideration the preference of presentation/restriction
and the called party's subscription for calling-party identity presentation service, and determines a calling-party
identity information to be notified to the called terminal.

4) The called terminal is notified of calling-party identity information from the network when receiving a call.
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In this annex, clause b.4.1 describes step 1 and 2 as procedures on originating a call, and clause b.4.2 describes step 3
and 4 as procedures on terminating a call.

b.4.1. Procedures on originating a call

b.4.1.1. Selecting a calling-party identity

In the case that a terminal desires to explicitly select a calling-party identity among the network-asserted identities, the
terminal populates the selected network-asserted user identity in P-Preferred-ldentity header in requests outside
existing dialogs. If network-asserted user identities are notified as described in clause b.3.1, the terminal selects one of
the URIs listed in a P-Associated-URI header and populates it in the P-Preferred-Identity header.

The network handles a SIP-URI set in the P-Preferred-Identity header as calling-party identity. Note that in the case the
P-Preferred-Identity header is not set, or a URI set in the P-Preferred-ldentity header is not a network-asserted user
identity allocated to the calling terminal, it is h to be the same as when the default network-asserted user identity is set
in the P-Preferred-Identity header.

b.4.1.2. Setting for presentation/restriction of calling-party identity

When a terminal sends requests outside existing dialogs, calling-party identity presentation/restriction is requested
using two kinds of procedures, namely, Privacy header [RFC3325] and 186/184 prefixes.

- Calling-party identity presentation can be requested by setting "none" in Privacy header, and restricted by setting
"id". The Privacy header is set only when the terminal has the user configuration option of calling-party identity
presentation/restriction, and the user completes the setting.

- In the case that the Request-URI is a URI composed of a national telephone number, calling-party identity
presentation is specified when the 186 prefix is set, and restriction is specified when the 184 prefix is set.
Whether to set the 186/184 prefix must be left to the decision of a dialling user, and a terminal must not act on
its own, such as automatically putting the prefix.

The settings of the Privacy header and those of the 186/184 prefix are independent of each other.

In the case that the terminal sets "id" in a Privacy header, <sip:anonymous@anonymous.invalid> is set to the SIP-URI
of a From header. In other cases, a URI identical to that of a P-Preferred-Identity header is set.

Annex Table b-1 describes the contents set in the headers above.

Annex Table b-1/JT-Q3402: Settings of headers for calling line identification presentation

. Privacy header
Field none | id | No header

The user part or | Number that a user dialled

telephone-subscriber part | (includes 186/184 prefix if dialled)

of a Request-URI

P-Preferred-Identity Calling-party's network-asserted user identity

header

URI in To header Same value as Request-URI

name-addr in From header | Same value as the URI set | <sip:anonymous@anonym | Same value as the URI set
in a P-Preferred-Identity | ous.invalid> in a P-Preferred-ldentity
header, if the header is set header, if the header is set

A network selects calling-party identity presentation/restriction, based on the Privacy header and 186/184 prefix setting,
and the default calling-party identity presentation/restriction setting of a subscriber who originates a call.

- In the case that a 186/184 prefix is set at the beginning of the telephone number in the Request-URI, the call is
treated to be calling-party identity presentation when 186 is set, and calling-party identity restriction when 184
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is set, regardless of a Privacy header setting content.

- The default calling-party identity presentation setting of the subscriber who originates the call is applied when
neither the Privacy header setting nor a 186/184 prefix setting exists.

- In the case that the 184 prefix is not set, it is treated to be calling-party identity presentation, regardless of a
Privacy header setting content, at the time of emergency call.

Annex tables b-2 and b-3 describe the order of priority among the Privacy header settings, 186/184 prefix settings, and
the default calling-party identity presentation/restriction setting above.

Annex Table b-2/JT-Q3402: Calling-party identity presentation/restriction selection conditions for normal call
Prefix of destination number

186 184 No prefix
none Calling-party identity
< presentation
g- id Calling-party .1dent1ty Calling-party identity restriction Calling-party identity restriction
2 No header presentation Follow the default value of the
network managed for each
calling user

Annex Table b-3/JT-Q3402: Network selected conditions of presentation/restriction of calling-party identity for emergency

call
Prefix of a destination number
186 184 No prefix
- none
§~ id Calling-party 'identity Calling-party identity restriction Calling-party 'identity
Q No header presentation presentation

In the case that the calling-party identity is restricted, "Anonymous" (No caller ID: rejected by user) is selected as
cause of no ID out of causes described in Annex Table b-4.

b.4.2. Procedures on receiving a call

The SIP headers on the terminating side are populated according to the called-party's subscription of calling-party
identity presentation/restriction.

b.4.2.1.

The calling-party identity and cause of no ID, etc. are notified by setting a Privacy header in requests outside existing
dialogs received from a network.

In the case that calling-party identity, cause of no ID, etc. are notified

In the case that "none" is set in the Privacy header, calling-party identity is notified by a P-Asserted-Identity header. In
the P-Asserted-Identity header, only a SIP-URI is set or both a SIP-URI and a TEL-URI are set.

In the case that "id" is set in the Privacy header, calling-party identity is not notified by the P-Asserted-Identity header.
Instead, cause of no ID is set in display-name in a From header. In the case that calling-party identity is not notified, a
displayed content (meaning) may be provided as cause of no ID in the form indicated in Annex Table b-4. Note that the
cause of no ID is not provided in the case that a format is not as shown in Annex Table b-4.

Documents
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Annex Table b-4/JT-Q3402: Cause of no ID

Received content ") Display content (meaning)
Anonymous No caller ID: rejected by user
Coin line/payphone No caller ID: call from public telephone
Interaction with other service No caller ID: service conflict
Unavailable No caller ID: service unavailable

(*1) It may be enclosed with a pair of double quotation marks.
(*2) A character string listed in this table may be followed by a given character string.

b.4.2.1.1. Displaying calling-party identity

A terminal displays calling-party identity notified by a P-Asserted-Identity header according to the order of priority
described below.

1) In the case that both a SIP-URI and a TEL-URI are set in a P-Asserted-Identity header, the TEL-URI is
preferred for display.

2) In the case that display-name is set in the URI of a P-Asserted-Identity header, display-name is preferred for
display rather than addr-spec.

In the case that display-name is not set, user part of a SIP-URI, local-number-digits part or global-number-digits part
of a TEL-URI is displayed, and this part is a character string indicated in the display content in Annex Table b-5, a
display content (meaning) corresponding to each case is indicated.

Annex Table b-5/JT-Q3402: Content of caller number display
Received content ©" Display content (meaning)

Only numbers Received numeric string

Starting with +81, and the part after + is | Numeric string that omits +81 and starts with 0
composed of only numbers
Starting with +, the part after + is all | Numeric string that omits + and starts with 010
composed of numbers, and the part next
to + is not 81.

(*1)  When used as display-name, it may be enclosed with a pair of double quotation

marks.

b.4.2.2. In the case that calling-party identity, cause of no ID, etc. are not notified

A Privacy header and a P-Asserted-Identity header are not set, and a character string which indicates cause of no ID is
not set in display-name in a From header.

b.5. Destination notification

A network may populate a P-Called-Party-ID header [RFC3455] in requests outside existing dialogs to a called terminal,
and may set a URI which indicates a network-asserted user identity of the destination.

In the case that multiple network-asserted user identities are allocated, a terminal uses a P-Called-Party-ID header in
order to identity towards which network-asserted user identity a call is directed. In the case that the P-Called-Party-ID
header is not set, it should be recognized that the call is directed to the default network-asserted user identity.

b.6. URI format in the case that a national number is used

This clause describes a URI format for the case using a national number as network-asserted user identity and Request-
URI. Other URI formats may be used. [Annex Table j -20, Item 1]

A SIP-URI or a TEL-URI is used for network-asserted user identity. Either one or multiple SIP-URIs are allocated as
network-asserted user identity for each user. A SIP-URI or a TEL-URI is used for Request-URI.
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A subaddress described in clause b.7 may be set.

b.6.1. user part and local-number-digits part

In a SIP-URI, a numeric string of national number is described in user part, and in a TEL-URI, a numeric string of
national number is described in local-number-digits part. Note that letters equivalent to visual-separator are not to be
used in either user part or local-number-digits part.

In the case of Request-URI, a numeric string that a user dialled is set as it is in the user part or in the local-number-
digits part. In the case of network-asserted user identity, all digits of a telephone number starting with a national prefix
(i.e., "0") are set.

b.6.2. hostport part and descriptor part of context

The hostport part of a SIP-URI and the descriptor part of TEL-URI context are to be set as domain name or host name
(including IP address) that a network specifies. [Annex 1-20, Item 2]

b.7. Subaddress

A network may provide services that are equivalent to services realized by the transfer of subaddress information that
can be provided in the ISUP network through the interconnection interface as defined in JJ-90.10. [Annex Table j -9,
Items 1 and 2]

This annex shows the usage of subaddress information in SIP messages based on [TS-1008] and complement the
standard. The network and terminals, which handle subaddress information, are required to follow this clause and its
subclauses. As for [TS-1008], follow the specifications for Interface B in [TS-1008]. In referring to the specifications
of [TS-1008], "called party subaddress" should be read as "calling and called subaddress", and "providers' SIP
network" as "network".

b.7.1. Subaddress information

b.7.1.1. Contents of subaddress information

The subaddress is a numeric string of 19 digits or less using numbers 0 to 9. The details are based on [RFC4715] and
[TS-1008].

b.7.1.2. Formats of subaddress information

Subaddress information is applied to all the requests and responses of SIP messages and may be set in the headers that
show the originating party (From, P-Preferred-Identity, P-Asserted-ldentity), headers that show the terminating party
(To, P-Called-Party-ID), and Request-URI. Subaddress is expressed as a numeric string following a semicolon (;) and
"isub="in the user part of SIP URI or TEL URI.
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Annex c. Registration

(This annex is a normative part of this standard.)

c.1. Overview

This annex describes the procedures of terminal registration.

c.2. Obtaining the network address

A network provides a terminal with a means of notifying a SCF IP address and port number. The network provides
DHCP/DHCPV6, presetting, and other procedures that depend on access line. [Annex Table j -24, Item 2]

The terminal transmits SIP messages to the obtained IP address and port number.

c.3. Registration

A terminal registers by sending to a network a REGISTER request in which a Contact address that it wants to register is
set. A network may determine the setting conditions of the g parameter to the Contact address. [Annex Table j -24,
Item 6]

The network may specify the expires parameter of a Contact address or the value set to an Expires header in the
REGISTER request as a network option. [Annex Table j -24, [tem 4]

c.3.1. path extension function and Service-Route header

A network may provide a pre-existing route using path extension function and Service-Route header. [Annex Table j -
7, Item 7, Annex Table j -23, Item 1]

In the case that a network provides a pre-existing route, a terminal lists path extension function in Supported header as
described in JF-IETF-RFC3327[RFC3327] and sends a REGISTER request. In the case that registration succeeds, a
network sets a Service-Route header [RFC3608] in a 200 OK response, and notifies the SIP-URI on or after the second
hop of the pre-existing route.

c.3.2. pre-existing route

In the case that a pre-existing route is provided using procedures described in clause c.3.1, a terminal set the pre-
existing route in Route header when sending requests outside existing dialogs except for REGISTER. The first hop of the
Route header shall contain a SIP-URI of the obtained SCF address provided in clause c.2 with loose-routing specifier
(i.e., ";Ir"). The second and further hops of the Route header shall contain the given pre-existing route according to
procedures as described in clause c.3.1. For a REGISTER request, pre-existing route is not provided.

c.3.3. Difference of address format retained by network

There may be a difference between a Contact address registered by a network and a Contact address set in a REGISTER
request by a terminal. A terminal must be aware of it when verifying the Contact address URI.

- A URI parameter unrecognized by a network may not be retained.

- A Contact address may be retained in the format specifying no port number in a network, even if the default SIP
port number (5060) is specified in the hostport part. The opposite could also be true that a Contact address may
be retained in the format with the default port number (5060) in a network, even when the port number is not

specified.
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c.4. Refresh

In the case of receiving a 200 (OK) response from a network indicating completion of registration or refresh, a terminal
records the Contact address requested by the REGISTER request, and the retention period (Z s) returned by the expires
parameter or in the Expires header field in the response.

Refresh interval (T s) MUST be set so that it does not exceed the retention period (Z s) and it does not cause frequent
REGISTER request submissions. For example, setting the interval to a certain percentage of the retention period (Z s) is
a good idea. The interval must be shorter than the value of retention period (Z s) minus Timer F (=32 s) specified in JF-
IETF-RFC3261 [RFC3261] period in order to avoid expiration during resending the REGISTER request for refreshing.
The refresh interval may be specified as a network option. [Annex Table j -24, Item 5]

c.5. Deletion

Considering that a terminal may experience a sudden power cutoff or a unexpected sequence during the shutdown
process, the terminal should delete all Contact addresses that it registers after startup and before starting to register. A
complete deletion should be performed by sending a REGISTER request which specifies * in Contact address and 0 in
Expires header, in the event that the deletion of certain location information previously registered in some way cannot
be guaranteed.

c.5.1. Considerations on terminal halt and IP address modification

A terminal should delete or update the Contact address registered in a network at times of rebooting, IP address
modification, or application termination (in the case of softphone), etc.

c.6. Registration event

A network may provide a registration event (reg event) which notifies a terminal of its change of state from registered
to unregistered as defined in JF-IETF-RFC3680[RFC3680]. [Annex Table j -24, Item §]

In the case that a terminal desires to receive a notification of its change of registration state after registration is
completed, it can be notified by using a registration event package function.

c.6.1. Subscription to registration event

In the case that a terminal desires to receive a notification of its change of state from registered to unregistered, it sets
the registration event in a SUBSCRIBE request and requests to the network a subscription to the change notification of
registration state (i.e., reg event). In the case that a network provides a change notification of registration state, it
accepts the subscription, sets the information of registration state in a NOTIFY request, and notifies a terminal in
accordance with the procedure defined in JE-IETF-RFC3265[RFC3265].

c.6.2. Notification of registration event

In the case that a terminal registration state is changed to unregistered, a network sets the unregistered state
information in a NOTIFY request and notifies the terminal that subscribes to the registration event.
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Annex d. SIP capabilities exchange

(This annex is a normative part of this standard.)

d.1. Overview

This annex describes procedures for capabilities exchange with SIP messages.

d.2. Available methods

This standard requires that methods of INVITE, ACK, BYE, and CANCEL are available in any INVITE sessions. However,
the availability of other methods the network allows terminals to send is dynamically determined through a procedure
of capabilities exchange. This clause and its subclauses describes the procedure.

d.2.1. UPDATE

A terminal asserts its capabilities to receive an UPDATE request by listing UPDATE in Allow header of initial INVITE
request and 18x/2xx responses to the INVITE request.

The terminal is allowed to send the UPDATE request in the case that the Allow header is set in the initial INVITE request
or the 18x/2xx response recently received, and UPDATE is listed in the header. In an early dialog, a PRACK transaction
must be completed before sending the UPDATE request.

d.2.2. PRACK

In the case that a Require header is set in a Ixx response (excluding 100 (Trying)) received, and 100rel is listed in the
header, the terminal sends a PRACK to this response.

d.3. Extension function

This clause and its subclauses describe the procedure for capabilities exchange to judge whether to be able to use
extension function.

d.3.1. Session timer function (timer)

A terminal sets timer in a Supported header when sending an INVITE request and an UPDATE request, and by doing so
asserts to a network that it supports the function (A Require header must not be set to assert the timer in the INVITE
request and the UPDATE request).

d.3.2. Provisional response reliability function (100rel)

A terminal asserts its support of this function by listing 100rel in a Supported header when sending an INVITE request
(A Require header must not be set to assert the 100rel in the INVITE request).

In the case that the terminal receives a Ixx response (excluding 100 (Trying)) to the INVITE request sent and the
response contains 100rel in Require header, the terminal enables the 100rel extension function only for this response,
and sends a PRACK request.
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Annex e. SDP and media handling

(This annex is a normative part of this standard.)

e.1. Overview

This annex supplements JF-IETF-RFC4566[RFC4566] and JF-IETF-RFC3264[RFC3264], and describes the
procedure of media establishment and media change using SDP.

e.2. Judging a media change request

e.2.1. Receiving SDP

In the case that a terminal receives a re-INVITE or a UPDATE request including SDP, the terminal determines the request
means a media change only when the sess-version value in o= line of the SDP is different from that of the SDP
received as either offer or answer in the previous media establishment/change.

In the case that the terminal cannot perform the requested media change, it returns a 488 (Not Acceptable Here)
response, but it will not terminate the existing session. Whether the existing session would be terminated or not is left
to the judgment of the terminal which requested a media change.

e.2.2. Sending SDP

In the case that an offer is made which lists multiple codecs (offer using RTP as media and listing several payload
types in the fmt part of m= line), only part of the codecs are selected in the answer. In the case that this terminal sends
afterwards a re-INVITE or UPDATE request which does not request a media change such as session refresh, it does not
change the sess-version value in o= line as specified in section 7.4 of JF-IETF-RFC4028[RFC4028], nor change the
content of SDP excluding sess-version as specified in section 8 of JF-IETF-RFC3264[RFC3264] accordingly. In the
case that a session refresh is performed using an UPDATE request, it is recommended not to use SDP, in accordance
with section 7.4 of JF-IETF-RFC4028[RFC4028].

e.3. Payload type

In the case that the media is RTP and a payload type number is statically assigned to the codec in JF-IETF-
STD65[RFC3551], the assigned number is used in the fmt part of m= line. For example, in the case of G.711p-law, 0 is
used in the fmt part.

In the case that a dynamic payload type number is specified due to the specifications of the codec, and the codec is
selected as answer, the specified number in the offer is set to m= line of answer.

Note that a network may specify the maximum number of codecs that can be set in the fmt part of m= line. [Annex
Table j -21, Item 3]

e.4. Fallback procedure

e.4.1. IP version incompatibility

A terminal should return a 488 (Not Acceptable Here) response which includes a Warning header whose warn-code is
300 (Incompatible network protocol) or 301 (Incompatible network address formats) when it received an initial INVITE
and determined that the requested IPv6 communication is not possible.

A terminal may receive a 488 (Not Acceptable Here) response which includes a Warning header whose warn-code is
300 (Incompatible network protocol) or 301 (Incompatible network address formats) to the initial INVITE request it
sent. In the case of receiving the above response to the session initiation with IPv6, the terminal interprets that
communication using IPv6 is not possible and may try fallback with IPv4. However, further session initiation is not
conducted even if it receives a 488 response to its fallback call.
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e.4.2. Media type incompatibility

If no acceptable media type is set in the received SDP, a terminal returns a 488 (Not Acceptable Here) response. The
terminal sets 304 (Media type not available) as warn-code in a Warning header of the 488 response.
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Annex f. Congestion prevention and control

(This annex is a normative part of this standard.)

f.1.  Overview

This annex describes behaviours that a network and a terminal should follow in order to prevent or control congestion.

f.2.  Considerations on congestion control at time of registration

When a network requires terminal registration (REGISTER) at the UNI, all the users in this network are bound to send
REGISTER requests regularly, which generates a load on the network to constantly process a multitude of messages.
Therefore, considerations are necessary on the terminal behaviour so that it will not generate unnecessary loads on the
network at time of registration.

f.2.1. Actions on receiving an error response

After sending a REGISTER request, a terminal may receive an error response that includes a Retry-After header (a 4xx-
6xx response: in JF-IETF-RFC3261 [RFC3261], 404 (Not Found) response, 413 (Request Entity Too Large) response,
480 (Temporarily Unavailable) response, 486 (Busy Here) response, 500 (Server Internal Error) response, 503 (Service
Unavailable) response, 600 (Busy Everywhere) response, and a 603 (Decline) response). In such a situation, the network
may have some kind of problems such as congestion. Therefore, to avoid any further congestion, terminal registration
is retried after the time interval specified in the Retry-After header (Note that an error response may be received again
even when resending the REGISTER request after the specified time).

In the case that an error response is received without a Retry-After header, terminal registration is retried after an
appropriate period of time (except on receiving a 401 (Unauthorized) response) for the same reason.

f.2.2.  Actions on receiving no response

A terminal may not be able to receive a response to a REGISTER request sent due to the retransmission timeout of SIP
messages. An error may also occur in a layer below the SIP application layer (e.g., ICMP error notification). In such a
situation, the terminal retries registration after an appropriate period of time. [Annex Table j -24, Item 7]

f.2.3. Considerations on registering multiple Contact addresses

Considerations should be given so that a terminal does not send a series of REGISTER requests in a short time in order
to prevent unnecessary loads on a network triggered by the terminal registration behavior, in such cases where one
terminal manages multiple AoRs, it needs to register multiple Contact addresses in the network, and consequently it
sends multiple REGISTER requests, etc.

f.2.4. User name or password error

In the case that a terminal receives a 401 (Unauthorized) response from a network after sending a REGISTER request
containing an Authorization header, it should refrain from retrying registration using the same user name and password
(excluding the case in which the value of the stale parameter in the WWW-Authenticate header is TRUE) so as to avoid
the submission of unnecessary REGISTER requests.

f.2.5. Re-registration at the occurrence of temporary faults

If a terminal detects that it cannot send or receive SIP messages for some reason but it returns later to a state in which it
can, it should immediately updates registration or re-registration regardless of the change of its Contact address or
registration retention period.

However, to avoid network congestion due to simultaneous registration behaviours caused by simultaneous terminal
recoveries following a wide-area failure in the access network, and to avoid unnecessary repetition of terminal
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registration behaviours due to intermittent temporary faults, the submission of REGISTER requests following fault
recovery is made only at statistically uniform time intervals within an appropriate period of time. The network may
specify a period of interval to resend the REGISTER request in the case that the network gives no reply. [Annex Table
j 24, Item 7]

f.3. Considerations on congestion control when originating a call

The congestion may worsen if terminals attempts to make more calls (sending of requests outside existing dialogs
except for REGISTER) to a network which already experiences congestion and call loss. Therefore, this clause and its
subclauses describe a series of procedures so that in the case of congestion, the network notifies the terminal of the
congestion state, the terminal notifies the user of the information notified by the network, and by doing so, the network
notifies the user of the congestion state and attempts to control and prevent the user from redialing.

This clause and its subclauses also describe call retrial conditions so that congestion is not caused by a terminal's
unlimited call retrials on receiving an error response when the call is made.

f.3.1. Congestion notification

This clause and its subclauses describe the error response format of congestion notification from the network, and
required actions for terminals on receiving the notification.

f.3.1.1. Notification to a terminal from a network

In the case that a network cannot provide service to any request from a terminal due to congestion, etc., a 503 (Service
Unavailable) response is sent including a Reason header (protocol is Q.850 and protocol-cause is 42: switching
equipment congestion) to a request from the terminal, which means that the network cannot provide service. The
network never sends to the terminal the response including the Reason header (protocol is Q.850 and protocol-cause is
42) due to a cause other than congestion.

Notification of additional information indicated in clause f.3.2.1 may be performed along with congestion notification
described in this clause.

f31 .2.  Notification from a terminal to a user

InfE the case that a terminal receives a 503 (Service Unavailable) response in which a Reason [RFC3326] header
(pfotocol is Q.850 and protocol-cause is 42: switching equipment congestion) is set, it recognizes that a network
cannot provide service to any request due to congestion, etc., and then performs visible indication to notify a user of
the situation, or audible sound generation, such as a guidance to notify congestion or a signal tone to indicate
congestion built into the terminal. Subsequent automatic behaviour, such as automatic call retrial, must not be
performed.

In the case that additional information notification indicated in clause f.3.2.1 is performed at the same time, display of
additional information indicated in clause f.3.2.1 is prioritized.

f.3.2. Additional information notification

This clause and its subclauses describe a procedure to notify a terminal of additional information from a network using
a Warning header.

f.3.2.1. Noatification from a network to a terminal

In the case that a network desires to provide additional information to a user when an error occurs, etc., it can notify a
terminal of the information by including a Warning header in a response message sent back to the terminal, setting 399
(Miscellaneous warning) as warn-code, and listing given text information in warn-text. The network must not send to
the terminal the response in which the Warning header is set with warn-code 399, excluding the case that the
information intended to be notified to the user is included.

Rec. ITU-T Q.3948 (06/2011) — Prepublished version Document SH&ing Hub
Copyright International Telecommunication Union/ITU Telcommunication Sector
Provided by IHS Markit under license with ITU-T Licensee=/, User=,
No reproduction or networking permitted without license from IHS Not for Resale,

Full document details: ITU-T Q.3948 2011


http://www.avadocuments.com/doc/itu-t-q-3948-2011
http://www.avadocuments.com/doc/itu-t-q-3948-2011

